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PROPAGATION OF SPACE CHARGE WAVES IN 
ACCELERATED ELECTRON BEAMS* 

G. R. Babu 

Non-member 
and 

Dr. M. Chaudhuri 

Non-member 

Department of Electronics and Telecommunication Engineering , 

Birla College of Engineering , Pilani 

Summary 

Theoretical investigation of space charge waves in an accelerated or 
decelerated electron stream is presented in this paper using one-dimensional 
small signal approximation. An attempt is made to obtain certain general 
differential equations of fluctuations . Equations of space charge waves for 
the case tohere the potential distribution is independent of the space charge 
of the beam are deduced . These general equations are verified for some of 
the special cases , e.g„ (i) uniformly accelerated electron beam , (a) space 
charge limited diode , (in) space charge waves in constant potential drift 
space , and ( iv ) space charge waves in velocity jump. 

1. Notations 

Uo = D.C. velocity component, 
v = A.C. (fluctuating) velocity component, 

/ 0 ® D.C. beam current, 
i *■= A.C. (fluctuating) beam current, 

7 ) bs ~ = specific charge of an electron, 

w 

ia = fluctuating current component at frequency, «, 

Da — fluctuating velocity component at frequency, w, 
p, = D.C beam density, 
p «■* A.C (fluctuating) beam density,. 

9 “ transit angle, 

<■>„ as plasma angular frequency, and 
« =* angular frequency of A.C. quantitites. 



Tik p +tr mMenh M, 1964. 
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2. Introduction 

There are two theories concerning the propagation of fluctuations in an electron 
beam. The theory of Hahn and Ramo 1 treats fluctuations in an electron beam flowing in 
a constant potential drift space and shows that they are constituted by a velocity module-* 
tion wave and a current modulation wave travelling as standing waves* 90° apart in 
phase with each other. The other one is Llewellyn-Peterson’s formulations known 
as *L-P* equations 2 which express the relationship between several A.C. quantities in a 
diode at high frequencies. 

The mechanism of amplification in space charge wave tubes and the generation 
of noise in beam type amplifiers are both analyzed by these theories. The L-P equa¬ 
tions have a serious defect in spite of their great utility that the D.C. potential distri¬ 
bution of a beam is completely decided by its space charge condition. Generally, 
however, the D.C. potential distribution in electron gun region of a beam type amplifier 
depends mainly upon the shape and arrangement of the gun electrodes and is nearly 
independent of the space charge of the electron beam. So, a solution of fluctuations 
in problems concerning some special distribution of potential along the beam is needed. 

With this objective in view, a general differential equation of fluctuations is obtained. 
This general equation leads to the well known equations of space charge waves for the 
case where the potential distribution is independent of the space charge of the beam. t 
From this equation of space charge waves in general, solutions for the following parti¬ 
cular cases are also obtained : 

(i) Uniformly accelerated beam ; 

(ii) Space charge limited diode ; 

(iii) Space charge waves in constant potential drift space ; and 

(iv) Space charge waves in velocity jump region. 

3. General equation of space charge waves 

The following assumptions are made to simplify the theory: 

(i) An electron beam has a velocity component in the ^-direction only (z is the 

direction of propagation) and is extended infinitely on a plane transverse 

to the r-direction; 

(ii) All A.C. and D.C. quantities have uniform values on a plane perpendicular 

to the z-axis; 

(iii) A.C. quantities are sufficiently small compared with the corresponding D.C. 

quantities; * 

(iv) No relativistic velocities are used (i.e., the D.C velocity of the electrons is 

small compared with the velocity of light); and 

(v) Emission velocities of electrons^*?Cassumed to be negligible and the elec¬ 

trons start with zero veloctf'es at the cathode. 

Hie fundamental laws oiTwhicft the theory is based are: 

(i) Newton § laws of motion; 

(ii) Equation of continuity of current; 

(m) Poisson's equation; tod 

(iv) E<p mm relating current density* charge density and electron velocity. 
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These are expressed in mathematical terms as 


^ (uo -f — v) (E 0 + E) 

a) 

8i __ $p 

8z 8t 

(2) 

8 £ = p 

8z € 

(3) 

~ I 0 + i ~.(Po + p) (t/ 0 + v) 

(4) 

/ 0 = — p 0 u 0 

(5) 

e 

’“m 

(6) 


where the subscript, 0, represent the D.C. quantities. 

Eliminating p from equations (2) and (3), we get 

i + jo) € E = / (7) 

where the integration constant, /, means the total current density physically, i.e., J is 
the current flowing along the external circuit connected between two parallel plane elec¬ 
trodes where an electron beam flows between them. So if the impedance of such an 
external circuit is infinitely large, we may assume that / = 0. Moreover, the A.C. 
components vary with time as exp (j& 0 and u 0 and p 0 are functions of z. 


Hence, in general the equations may be written as 


v t = Uo + t>« exp 0'w 0 

(8) 

U — »« exp 0“ 0 

(9) 

E, = E 0 + E (0 exp (/to 0 

(10) 

P = Pco exp (/to /) 

(ID 

Substituting the variable, z, by the electron transit angle, 9, given by 


0 = f - dz 

J «o 

0 

02) 

and introducing a change of variable 


» - y r# 

(13) 

from equation (1), we get 


1 & / , Sy\ , r) /o „ _ n 

i so ( - *6/ + i » - 0 

(14) 

and 


• Ho &V j0 

(15) 
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Equations (13), (14) and (15) are the general equations (or the space charge waves. 
To get solutions of these equations the relationship between up and 0 is to be known. 
It means that the distribution of D.C. potential, V, should be assumed. 

4. Solution of general equations for V oc z n 

In a space charge limited diode the D.C. potential is proportional to £ power of the 
distance from the cathode. Extending this idea, solutions of space charge waves when 
the D.C. potential is proportional to the nth power of the distance from the cathode 
may be derived. Assuming 


y^v 1== 


(16) 


and using equation (13) and Uq =2 t) V, the following relationships can be established : 

«o = (2?)F)M < ,7 > 


Ci) 


2—n 
2 


: (2v)F)»,n 

2 


(18) 


4 

With the help of equations (17) and (18), the following differential equation 
is obtained from equation (14): * 


where 


In n 

( 2—ii Sy\ t)I e ft 2-» 

( 0 aej 6 


(19) 


( 20 ) 


Equation (19) can be solved if it can be modified to the form 

■ 1 ~ 2 V 8 y 

_ + £ + y-0 (21) 

since the solution of equation (21) is given by 

y = x v P /fv| (x) + QN\v(x) (22) 

where P and Q are the constants. 

In order to transform equation (19) to the. form of equation (21), a new variable 
x is introduced, x bang related to 6 as givetf by 

' * = C0* 




nh 


when C and ( are constants aid 


(23) 
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Using equations (23) and (24), equation (19) can easily be transformed as 

^ + 0 C£ 8 tf ■" ') {? - n + f - 1 ) 8x + Jf-2) y = ° (25) 

In order to make equation (25) identical to equation (21), the following conditions 
have to be satisfied : 


(i) The coefficient of the term, y, in equation (25) must be unity; and 

(ii) The coefficient of in equation (25) must be equated to . 

Condition (i) leads to 

3 n *— 4 
f ~2(n-2j 

Condition (ii) with the help of equations (23) and (26) leads to 


(26) 


n — «- 


(27) 


Equations (26) and (27) show that the constants, £ and v, are functions of n 
and hence the potential distribution in the beam. 

The values of i and v are obtained from equations (13) and (15), once the value of y 
is knwon, which is of course given by the solution expressed in equation (22). The 
constants, P and Q, of equation (22) can be determined by substituting equation (22) 
in equation (13) and (15) with i = i* and v = v x where i x and being are the values of i 
and v respectively at a distance, z = z\* With the expression for P and Q thus deter¬ 
mined, the general expression for i and v can be written in the matrix form as 

[:]=[«."][:] 

The matrix elements £*, F*, H* and /* are given by the following relationship 
which are obtained with the help of the expressions for P and Q determined as 


E* = ( X -Y /!«' (*) N ‘. v-\ l (xi) — /l v -l I fa) N , v| (x) 
\JTl/ Ji V j(xj) N; V—1 1 (xj) — J\v-\ j fo) N| V j (xi) 


[29(a)] 




Mil 

iui xi 


H* — T 


eu. 


A \ /( V I (x) Ni VI (jfj) — /> vJ (xi) N, v JOr) 

\*i/ J v\ fo) Ni v-l (xj - Ji v-l i {xi ) N v (xj 

I) (x)N|v-II (jfi) —/iv-li (xjNlv—I : (x) 


M 


[29(b)] 

[29(c)] 


» * \x 1 ) Ji V | (xj Ni v-l | (xj - J, v-l ! ( Xl ) N V ((xj 

®i AY' + 1 /i V—I i (*) N l v I (xj — v (x i) Nj v-l 1 (x) 1?qr 
«i 9 W /(*-( (*) N|v-lj (xj - /(v-l I (xj N| v| (xj 

For F* and H*, the negative sign is to be taken when v is positive and wee versa. 


5. Application* of general equation* 

Uniformly accelerated electron beam 

In this case, the potential V is proportional to z and therefore n = 1. Substitution 
of n * 1 in equations (26) and (27) give* £ — i and v = — 1. 
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Introducing the plasma frequency, <* p , given by 

... _ r_A< ii_ n.vii 


n equation (24), we get 


r-A-* |- 

1_“o rn «J [_u e e J 


Writing u„ = (2 v) F) 4 z and 


fi= < 2>)F 

L 




t can be shown that 




IV-2 


o that equation (31) can be rewritten as 

C S - “• ( i )-’ (32) 

3 n _ 4 

Putting f = 2^ n _ ~2 ) * n ec I ua ^ on (23) and using equation (32), it can easily be 
hown that 

, _ \ -Jr “• o (33) 

4 — 3 n a) 

Since in the present case n = 1, we get 

o> 


Thus, putting v = — I, | = 2 and x 


2 <&,, . 

mss - 5 A , 


6 in the equations [29(a)] to [29(d)] 


he matrix elements (or the case under investigation are given as 

p* = X, Mx) AfoJ - Uxd Afr(x) 
x 'JteNM-JMN&d 

p* .2G Mx 1 )N 1 (x)-J 1 (x)N 1 (x 1 ) 

t x JfrdNbd-J&dN&d 


[34(b)] 


" 3 2 g m n &5 -jm 


kixJNjtxd-JJxdNiixl 


(34(d) 
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where 


and 


c-'* 6 - 

8 4!i ' 

Wo 

Wl 

X *1 

► 

2 o>p 

0 ~ o l - 



(35) 


Equations (34) are similar to those obtained by Tien and Field. 3 
Space charge waves in constant potential drift space 

Different methods were adopted by earlier investigators for deriving the equations 
for space charge waves in a constant potential drift space. But with the help of the 
general equation derived and discussed in earlier sections it is easy to deduce the equation 
for space charge waves in a constant potential drift space. Here the D.C. velocity u 0 
is independent of 0 and so equation (14) is written as 

?2 y , MA 2 _ 

80 * + (g) ) y ~ 

Solving equation (36), the following matrix relationship is obtained with the initial 
conditions i = i x and v — v x as 


0 


(36) 


i 


cos -* 0 

to 

. /„ w . (0, 

— ) sin 6 

u 0 to u 


i i 

V 


.u 0 top . 

— i ** sm - o 

_ 1 0 to 6) 

«*n 

cos — U 

to 


Vi 


This is a well known relationship to be found in text books. 4 


(37) 


Space charge waves in velocity jump region 

Field and Watkins 5 have shown that when an electron beam passes through a narrow 
gap in which the beam is rapidly accelerated or decelerated, the current fluctuation of 
the beam is not affected but the velocity fluctuation is either increased or decreased in an 
inverse proportion to the change of the D.C. velocity the beam. This relationship 
was obtained by them from the Llewellyn-Peterson equations or the energy relationship. 
The same can however be arrived at with the help of equations (34). In a narrow gap, 
the potential distribution may be considered to be nearly linear, so the relationship 
between input and output fluctuations is expressed by the limits that the potential 
gradient becomes infinitely large and 9 and 0 X become infinitely small in equations (34). 
Substituting these limiting values and making use of the following simplifying expressions 
for the Bessel functions which are valid for small argument, we get 


/! v Kx) = 2^71 


N! v | (jc) 


— (y — 1)1 V 

« X v 

die following well established relationships* are obtained : 


(38) 
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6. Solution (or cases where general equation breaks down 

Case for n = ^ 

4 4 

For n = ^, F = F z* and this represents the case where the current is purely 

4 

space charge limited. When n = y equations (26) and (27) show that $ and v 

become respectively zero and infinity and so the matrix relationships given in equation 
(29) can not be used. In order to solve for this case the following expedient can be 
followed. 

Let a new variable £ be introduced in place of 0, but which is related to 0 by the 
relationship 

0 = e £ 


Using equation (40) with n — equation (19) is modified as 


8 *y 
8£* 


+ 3 ^ + JeB y==0 


(40) 


(41) 


Since the space charge limited current is given by 

3 

, 4e /T - V} 

0 ~ 9 v/2>1 r 1 » 


the above relationship can be rewritten as 

where F is given by 


/ 2 3 
^°«$(2 vFY 


(42) 


Ki-Fa* 

With the help of equations (20) and (40), the coefficient of y in equation (41) can 
be simplified as 


or € 


B 


= 2 


with n 


y 


Equation (41) ultimately becomes 

its solution being 




y = A e i + fle ^ 


t43«J 
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Using equation [43(b)] with equations (13) and (15) for i = t\ and v — Vi at z—zi 
(6 = 6j), the constants A and B are evaluated, whence the matrix elements for i and V 
are obtained as 


e,(2e-e 1 ) 
C ~ 02 


[44(a)] 


where 


F* = 


. r ( 0 - 6 .) 

02 ' 


W* = - 


I* = 


1 2 0^0-Ox) 


; G, 


0 

0 - 20 , 

0 


[44(b)] 

[44(c)] 

[44(d)] 



(45) 


Space charge limited diode 

Using the L-P equations, the equation for fluctuations in a space charge limited 
diode can be obtained on the same lines as developed by Pierce. 7 From the discussion 
in the previous sections, the same equation can be arrived at easily. 

Putting 0, — 0 in equation (44) and using the resultant matrix elements in the 
matrix equations for i and v, we get 

« =-;• 46(a)] 

and 

~ * [46(b)] 

Equations (46) arc similar to those obtained by Pierce. 7 
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CONTROL SYSTEM STABILITY BY THE 
DIRECT METHOD OF LYAPUNOV* 

B. Chatterjee 

Non-member 

Department of Electronics and Electrical Communication Engineering , 

Indian Institute of Technology , Kharagpur 

Summary 

In this paper , the direct (or second) method of Lyapunov , as used to 
study the stability of control systems , is discussed. As this method does not 
require a solution of the system equations , it is specially useful for studying 
the stability of nonlinear systems , the differential equations for which are 
often not amenable to analytical solutions. Another important advantage 
of this method is that it considers stability in a region and not at an equili¬ 
brium point , thus giving stability in the large . 

Introduction 

Control systems, which are essentially negative feedback devices, may get unstable 
at one or more frequencies within the system passband, due to phase shifts in its diffrent 
parts. For proper operation, a control system must remain stable at all frequencies 
within its passband, and the study of stability is the most important one. The 
commonly used methods of analyzing the stability of a system, e.g ., Nyquist criterion, 
Routh test, etc., are applicable to linear systems only. Unfortunately, however, all 
physical systems are essentially nonlinear in character, due to the effects of saturation, 
threshold, backlash, hysteresis, etc. Some simpler systems may approximately be 
treated as linear over some limited ranges of operation. But for many control systems 
used in practice, this approximation can, at the most, give a rough idea of system stabi¬ 
lity. Again, in many control systems for industrial and military applications, 
nonlinearities are purposely introduced for improving system performances. In all 
such cases, the nonlinear nature of the system has to be taken into account for studying 
the system stability. 

But the study of stability of a nonlinear system is rather involved, as in general, 
the corresponding differential equations cannot be solved analytically. Stability analysis 
of nonlinear systems (and nonlinear equations) are primarily based on the perturbation 
method of Poincare 1 or the second (or direct) method of Lyapunov. 2 

Poincare 1 has developed his theory of stability from the ‘variational equations 
where stability is analyzed with respect to singular points (critical points) and limit 
cycles. For the former, the stability concerns the equilibrium (asymptotic stability), 
whereas for the latter, it relates to a stationary motion on the limit cycle (orbital stabi- 
Uty). If die system comes bade to its original singular point or limit cycle after being 

* Written dtsowiian on this paper will be received until November 90,1064. 

This paper wa$ received m April B4 % 1963. 
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perturbed slightly, the system is stable at that point or gives a stable oscillation at that 
cycle. But if the perturbation or deviation increases with time, it is unstable. As an 
infinitesimal perturbation is assumed in studying stability, it is called ‘infinitesimal stabi¬ 
lity/ in contrast to stability in the large as given by the method of Lyapunov. 

The direct method (second method) of Lyapunov is based on the properties .of 
definiteness of certain functions associated with the differential equation (linear or 
nonlinear) in such a manner that it is possible to know whether the solution remains in 
a certain region or not. 3 As the condition of stability or instability is determined for a 
certain region and not for a singular point, this method is well suited for the 
investigation of stability in the large. 


Analysis of stability 

The object of the direct method of Lyapunov in analyzing stability of a system is 
to answer the question of stability of the differential equation (or equations) by utilizing 
the given form of the equation but without an explicit knowledge of its solutions. It is 
more a point of view or philosophy of approach, rather than a Systematic method. 4 
But it is very useful for studying the stability of nonlinear and/or non-stationary 
systems, the differential equations for which cannot be solved easily. 


The principal idea of the method is that if the rate of change. 


dE(x) 

di 


of the energy, 


£( x) (or equivalent), of an isolated physical system is negative for any possible state, X t 
except for a single equilibrium state, X e , then the energy will continuously decrease 
till it reaches the minimum value, E(X e ). Under that condition, the system will be 
stable. Physically it means that a dissipative system, perturbed from its equilibrium 
state, will always return to it. 


It is to be noted that for a general equation of motion in a purely mathematical 
form, there is no natural way of defining energy. As such, to investigate the stability, 
a suitable scalar function, V(X\ is considered instead. This particular function, V(X) t 
is called ‘Lyapunov function/ Occasionally, but not necessarily always, V and E are 
identical. 


The generalized differential equation of a control member may be written as 


( 1 ) 


where p is the generalized coordinate of the control member, and /, R and K are its 
constant parameters (inertia, damping and restoring force respectively). The force 
function,/*(a), is often a nonlinear function of the actuating signal, cr. The actuating 
signal, in turn, is the arithmetic difference of the applied signal and the feedback signal, 
(r (x), i.e., 


° p9.htf.-TV- 

a-t 




where A i* the generalized coordinate of the physical system in question and r the 
feedback coefficient 
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Also, we have 


where / = 1, 


ik 

dt 


iia /*a + h 




a — 1 


n. 


(3) 


For investigating stability, the above equations are put in proper canonical forms 
after suitable transformation of variables. The Lyapunov function, V(X ), may be 
written as 8 


where 


V ~ <!> + y + 


<7 


| K°) da 

0 


(4) 


nr I n ^ I 


k - 1 J 


a k a, 
Pk + P« 


Xk Xt 


(5) 


= i 04i *i 2 +.+ >1, * s 2 ) + Cl x t +x jr , + 2 +.+ C„-, *„ x n ±x (6) 

where the p's are the roots of the characteristic equations and a, A and C the cons¬ 
tants. 


After simplification, we get 

d I = ~ W ~ [FJ + /(*) [(Fa) + (Fi)] . (7) 


where (F^ and (F 2 ) contain only positive terms and the essence of the method is to set 

dV . 

both (F 3 ) and (F 4 ) to zero, for stability. In that case, ^ will always be negative in the 
given region and the Lyapunov condition of stability will be satisfied. 

In explicit from 


n+1 

(Fa) = A, + B{ + 2\/r Qi + 2 a,- . = 0 

_ n+1 

(F,) = C« +Bj+« + 2\/r a, +a + 2 o, +a — 

<5 P* + P« 


( 8 ) 


where i4,, C«, a, etc* are constants. Equations (8) give sufficient condition for stability 
by the Lyapunov method, » 

0 

Evidently, equation (8) define a certain region, G, in the parameter space in which 
(Fa) ^ 0 and (FJ ^ 0 is satisfied and hence the system is stable over a certain region, 
thus giving stability in the large. Two simple examples 4 are given below. 

Exam/de 1 

Let us consider the case of a simple harmonic oscillator whose frequency has 
been normalized to unity. The differential equation is given below. 

2 
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or. 


Putting 


J*X! 

df* 


+ *1 = 0 


d' Xl _ 

W ~~ Xl J 


x„ we get 

d* Xl _dx 2 _ 
de ~ it ~~ Xl ■ 


(9) 

( 10 ) 

(ii) 


If we define 

V(x) = x x a + x 2 2 = £(x) 
then from equations (10) and (11) we get 

dV(x) _ , dr, , , dx s 


dt 


- = 2 r, + 2 r, = 2 xj r 2 — 2 x t x 2 = 0 


dt 


That is, the system is a conser native one and the point moves on a steady limit cyd| 
in the parameter space. In other words, this is a case of orbital stability as depicted 
in Fig. 1. 



The above solution is for a simple linear system and can be found out easily by 
methods other than that of Lyapunov, as given above. But the advantage of 
Lyapunov’s method will be more evident for a nonlinear case, as illustrated below. 

Example 2 

Let us take a simple system with nonlinear damping, the differential equation of 
which is given by 

*a ^ “ *t ~jf =* *i* + *** (12) 
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Such an equation cannot be solved easily and the Lyapunov's method is useful 
here. 

Putting 

^ = + x 2 — a X! (xi* + x 2 a ) 

we get 

— *1 — a x 2 (*i 2 + V) (13) 

where a is a positive constant. Taking the Lyapunov function as 

VU)=*i* + xf 

and substituting from equation (13), we get 

--Jf* = 2 x, + 2 x, ^ = - 2 a W + *,*)* = - 2 a K*(x) (14) 

and hence is negative for all values of Xi and x 2 except for x\ = jr 2 = 0, the trivial solu¬ 
tion. 


Hence, V(X) satisfies the condition of a Lyapunov function for all values of x 2 
and xi (i.c., all points in the parameter space) and the system is unconditionally stable. 
Any point in the parameter space will ultimately move to the origin corresponding to 
V(X) — 0 as shown in Fig. 2. Figs. 1 and 2 show respectively the phase-plane trajec¬ 
tories corresponding to the differential equations (9) and (12). 

Many more such problems may be worked out. Letov 5 has given many such 
examples on control system problems, which may be consulted. 



Fig. 2 

Phase-plane trajectory 


******** 
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Conclusions 

One of the principal advantages of Lyapunovs method is that it provides a tool for 
studying stability and transient behaviours of dynamic systems without solving the 
differential equations of the system. This is of special importance to nonlinear and/or 
non-stationary systems, where it is very difficult and often impossible to have any 
analytical solution of the equations. Another great advantage of the method is that 
it gives stability in a region, i.e., stability in the large, instead of stability in 
the neighbourhood of equilibrium positions, as in the classical methods. 

The difficult part of the method is to find the Lyapunov function, V(X ). The 
method does not give any means of determining V(X), but merely states that if such a 
function exists, the stability conditions are satisfied. Although an explicit expression for 
the Lyapunov function can be found for the linear stationary case [from equation (4)], no 
such straightforward method is yet available for the nonlinear or non-stationary cases. 
Further applied mathematical research may some day solve this problem, but still it is 
a matter of intuition and ingenuity to find the Lyapunov function of a nonlinear or non- 
stationary system. 

The direct method of Lyapunov is more a unifying principle and a philosophy 
of approach than a real method, but it can give valuable information on stability in % 
the large, which is of so much importance in many control system applications. 
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Summary 

A recent approach to the problem of analysis of feedback control 
systems suggested by Mitrovic holds considerable promise. Tht analysis 
of linear systems according to this method primarily depends on 
evaluating two variables—essentially polynomials of the real variables p 
and w n . In this paper , a scheme is suggested for a computer set-up which 
could evaluate both the variables. Two control system problems are 
actually set up according to this scheme and the corresponding Mitrovic curves 
plotted. These curves are then compared with those obtained by desk 
calculator computations. The results are satisfactory for all practical pur¬ 
poses. The roots of the characteristic equation of an overdamped system are 
graphically determined in one case from the curves drawn from experimental 
results and t these also check closely with the actual values of the roots. 

Introduction 

The analysis of a feedback control system for its performance means investigation 
of stability, damping, transient overshoot, settling time, etc. Several methods were 
devised earlier for this purpose. A more recent analytic approach holding considerable 
promise is suggested by Mitrovic. 2,8 His method is, in fact, equivalent to many of 
the previous methods taken together. It approaches the problem algebraically by 
handling the equation with Laplace transform. The most important advantages are: 

(i) All the operations are effected in the- real domain; 

(ii) The coefficients of the characteristic equation are adjusted without any 

calculation; and 

(iii) All the roots of the characteristic equation may be determined almost 

simultaneously. 

The method is easy to apply for analysis and synthesis. It is especially suitable 
for the design of systems in which settling time and damping ratio are specified. It 
may be applied to sampled~data servo systems also. 


* Written dkcossha on this paper will be received until November 30,1984. 

Thkpaper Wat received an Angus! 29 , 1963 . 
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The method is described in this paper briefly without giving the details of the 
proof. In a later section of the paper, an analogue computer method according to 
Mitrovic’s theory is suggested. Two simple type-1 servo systems are taken as 
examples and actual computer set-ups are made. The computer solution and the 
calculated results are compared. A discussion of this analysis and the results are given 
elsewhere in this paper. 

Mitrovic’s method 

The characteristic equation of a linear feedback control system is given by 

f(s) = a n s n + a n -1 s "” 1 + .+ a 2 s 2 + a t s +• Oq (I) 

= ^4(s) + aj s + a 0 (say) 

Now, in the above equation, it is assumed that the constant coefficients a y and a 0 
are just a set of constant values of a set of variables £ and ?), such that for all values of 
complex variables, these two real variables £ and v) attain values to make 

i4« + fs + i )-0 ( 2 ) 

Applying the transformation 

T( s ) = «„ e 7 (2 ^ 9 ) = — o>„ sin 0 4- /&>„ cos 0= — w„ ? + ;'<■>„ \/\ — V & 

where 0 < 6 < ^ and 0 < Z < 1 1 to equation ( 2 ) and equating the real and imaginary 
parts, we get 

n 

£ = ^ a. *<(£) w/* (4) 

i-2 

n 

*) = - ^ ***40»m‘ (5) 

1=2 

The functions $,(£) are independent of the coefficients, a,-. These functions, 
[the symbol is henceforth used for indicating $*(£) for brevity] may be very easily 
calculated from 

*i ~ - t 21 J (6) 

with 

$o “ 0 and = — I 

Evidently, these functions are dependent only on the damping ratio, £. Thus, 
these coefficients could be calculated once for all in a tabular form for various values of 
Z ranging from 0 to 1 . 

Equations (4) and (5) are of fundamental importance in Mitrovic’s method. It 
is observed from these equations that a curve could be plotted with fas the independent 
variable and tq as the dependent one, with o n as the parameter. Also* for c*> n = 0, both 
f = 0 and >3 == 0 . In other words, corresponding to a> n = 0, the point in the f-vj plane 
h its origin. If now for a constant Z* <*>„ is increased, the value of s changes i n the 
direction shown in the s-plane [Fig, 1(a)]. Fig. 1(b) shows the corresponding tr*n$~ 
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formed curve in plane. This curve is designated as ! £ curve. If all the co¬ 
efficients a,* in equation (1) ase present and are greater than zero, the J £ curve encloses 
a region, in the positve-half plane, between the ! £ curve and the £-axis, as shown 
shaded in Fig. 1(b). Further increase in co„ makes ?) negative and the | £ curve enters 
the fourth quadrant. It was shown by Mitrovic 2 that a point, M, having coordinates 
(flit flo) will fall within the shaded region provided that all the roots of equation (1) will 
fall within the domain shown in full line in the s-plane in Fig. 2, bounded by the 
contour C. Evidently, as we are tacitly assuming that all as in equation (1) are present 
and are greater than zero, the roots contained within the domain bound by the contour 
C is also contained by the contour C* shown in broken lines in Fig. 2. Thus, for 
instance if a plot of j 0 curve is obtained as in Fig. 3, and if the values of the constants, 
fli and a 0t are such that the point M with coordinates (ai, a 0 ) lies within the shaded 
region, then the system is stable. Any point M' falling outside the region naturally 
indicates instability. Finally, the point M" indicates that the system is oscillatory. 
Thus ! 0 plot is in essence the counterpart of the frequency response in the KG- plane. 



I NO It CASINO 

(•) (b) 

Fig. 1 

Locus of s and corresponding I £ curve 

Similarly, if now a j I curve is drawn along with a {0 curve, as in Fig. 4, then a 
a point M as shown will mean an underdamped solution, as although all the possible 
roots are in the left-half of the s-plane, there are at least some roots which are not 
on the real axis (as this point is not enclosed by the i I curve). Thus, the region 
external to the (I curve but included within ! 0 curve is the underdamped region. 
The point M' on the other hand represents overdamped systems with all real negative 
(and also distinct) roots. Finally, a point M” represents a critically damped system. 
Evidently, if a [X curve is drawn and the characteristic point M lies on it, then, accor¬ 
ding equation (2), the characteristic equation in question has a pair of complex roots. 



20 


THE INSTITUTION OF ENGINEERS (INDIA) 



Scope of the present work 

It will be seen from the foregoing considerations that a computer set-up to describe 
the characteristic equation in the Mitrovic form will be of great use. In what follows, one 
such scheme is suggested which is simple enough to set. Mitrovic equations (4) and 
(5) for a few simple systems are set up according to this scheme, and the corresponding 
Mitrovic curves obtained. These curves are then compared with the curves 
obtained by desk calculator computations. The result, as seen from the plots, is satis¬ 
factory for all practical purposes. 

Mitrovic suggested a scheme for automatic plotting of the Mitrovic curves which 
is based on a different principle. 4 It is found that the scheme suggested in this paper, 
although not particularly suitable for automatic plotting, is probably more advantageous 
for its inherent simplicity and is quite adequate for the purpose of computing equations 
(4) and ($), for various values of p and <o n . Also, in this scheme, the use of the two- 
position servo as required in Mitrovic’s scheme is avoided. To the best Of our know¬ 
ledge, Mitrovic a scheme has not yet been set up on a computer. 
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Computer circuit 

The circuit shown in Fig. 5, is a modification of a potentiometric machine in which 
operational amplifiers with unity feedback are used for isolating adjacent sections of 
potentiometer circuits to avoid the loading effect. The potentiometer gang, P, fixes 
the value of <*>„. The potentiometers labelled as a 2 , a 3 , etc., are used to set the values 
of the respective coefficients of the characteristic equation (1). The gang switch. 
Si, (inclusive of Su, S 12 , etc.) chooses the correct circuitry for either equation (4) or 
(5), i.e., for either the variable £ or f] respectively, as shown in Fig. 5. The potentio¬ 
meters labelled as | | $ a | , etc. set the magnitudes of the factors $ 2 » respec¬ 

tively for the value of damping ratio under consideration. Since these potentiometers, in 
effect, constitute a set of input impedances of an operational amplifier, it is possible to 
set values of | $ | both greater and less than one. The switches S 2 , etc. are provided 
for the sign of the variable For instance, for a certain value of £, if the value of $ 
is positive, the corresponding sign switch is switched on to the positive side, and so on. 



The two operational amplifiers, connected as adders, sum up all the components 
of the equation in question and the output voltage is measured by a voltmeter as shown. 

The ratio, ^g, gives the value of £ or rj according to the position of switch Si. 

Scaling of equations 

The value, of a t , a„ etc, and «„ (or o for | 1 curve) being set on potentiometers, 
require that these should be each less than one. Naturally, the equations has to be 
scaled down whenever required. In such a case, it is only a matter of a constant factor, 
no rmally a round figure, by which the output result is to be multiplied. 1 
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Experimental results 

Two type-1 systems are taken as example problems out of those worked out by 
Mitrovic. 1 The open-loop transfer function of these systems are : 

G(s) = s (s + 2H* + 3) (7) 

G(s) = TtT+WuTw) (8) 

The | 0 and i 1 curves for the systems above are given in Figs. 6 and 7 respectively. 
These curves drawn from the calculated and experimental data are reasonably close 
for all practical purposes. 

The point, M lt in Fig. 7 corresponds to an overdamped solution. The three 
tangent lines drawn from the point Mi (each tangent shown with an arrow head at 
their tips) has slopes equal to the negative of the three respective roots of the over¬ 
damped characteristic equation. 



/( 


' I 



Fig. 7 

0 and 1 1 aims for type-1 system 


The values of the roots obtained from the experimental solution are — 0.2, — 
1.5, and — 3.3. The roots calculated, correct to three significant digits, are —0.198 
— 1.552, and—3.25 respectively. A very high accuracy is possibly due to the fact that 
tihe point Mjhas been chosen almost in the middle of the region. A point, M, chosen 
closer to the 11 contour however will not give such high accuracy. 

The point is an operating point corresponding to an underdamped oscillation. 
Vm real root is at s - - 3.65. Finally, M g corresponds to a purely oscillatory condi¬ 
tion in the system* 
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Conclusion! 

An analogue computer scheme is presented to obtain the Mitrovic curves for various 
values of damping ratio with the natural frequency as a parameter on the curve. 

Two type~l systems are set up in a computer according to this scheme and the 
results given. The computer results check closely with the calculated results. 

The roots of the characteristic equation of an overdamped system are obtained in 
one case from the curves from the experimental results. These are also in close agree¬ 
ment with the calculated values. 
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Summary 

In this paper , a special case of bang-bang control is considered wherein 
the higher order derivatives of the controlled variable are * quenched * at the 
switching instants. The idea was first put forward by Chang (1955), who 
showed that such systems have faster response-time compared with what is 
obtainable by conventional minimal-time systems. The approach seems to 
have received scant attention in the control literature , and is discussed here in 
connection with optimizing (by the bang-bang principle) a third order system 
having a pair of complex open-loop poles. Problems associated with quench- 
, ing of higher order derivatives in such systems are discussed. 

L Introduction 

In recent years, the problem of optimal control has engaged extensive interest. The 
basic task in such systems is that certain performance index of the system behaviour is 
either to be minimized or maximized. 

In a large number of applications, the index of performance is taken to be the ‘time’ 
needed for the physical system to move from a given initial state to some desired final 
state. The system is said to behave in an ‘optimal fashion* if, subject to certain con¬ 
straints in the forcing capabilities, the time required to perform such task is minimized. 
Such systems have been variantly termed as minimal-time systems, time-optimal 
systems, or final value systems. 

A characteristic feature of such systems is that the control force referred to is always 
worked at extremes. Typically, if a motor is driven utilizing its maximum permissible 
torque in either direction, always the system behaves in the best possible manner. 
Earlier works of Bushaw, 1 Bellman, et a/, 2 lent mathematical credence to this intuitive 
idea and a great spurt of activity has ensued since then in this field. 

It is not the purpose of this paper to cover this extensive background of studies 
made on the problem to date. Rather, attention is drawn to one promising aspect of 
the problem which has, apparently, escaped attention in the control literature. 

* Presented at the First Conference of Automation and Computation Scientists of India, Sindri, February 
22-24, f%3. ~ 
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In order to bring the process to any desired final state, it is necessary to reverse the 
direction of the control force at certain specified instants. When the force is thus 
reversed, it is assumed that all the components of the process state are continuous. If, 
instead of maintaining the continuity of all the components some are quenched at the 
instant of switching reversal, a system having faster response-time compared with con¬ 
ventional minimal-time systems will result. The practical problems associated with 
such quenching will have to be resolved with ingenuity depending upon the physical 
nature of the process. But the aspect which holds promise is the simplification 
attainable in implementing the decision rule (with attendant simplification of computer 
hardware) when ‘quenching* is resorted to. In a subsequent section, this aspect is 
dealt with in some detail. The consideration that lead Chang 3 propose the idea of 
‘quenching* is given below. 

2. Review of Chang’s approach 

Chang considered a system (Fig. I) in which the process (the motdr-load combi¬ 
nation) transfer characteristics is given by a linear differential equation of the form 


T* 


<Pe d 2 e 

dt 3 dt 2 



0 ) 


where 7* is the field time constant, T m the maximum allowable torque, J the inertia 
of the motor and load torque, and e the error equal to (0,- — 0 O ), and 8 represents the 
switching condition and has a value of J- 1. 



Fig. 1 

Block diagram of system 


Derivation of equation 

The motor is a D.C. field-controlled machine where armature current i g is assumed 
to be a constant. Assuming a linear relationship between field current, if and flux <f>, 

<f20. 

the motor torque is given by, T = K if. Also, neglecting friction, T *= / . The 

forcing voltage, 8 V, and the field current, if, are related by 

Ri, + L^ = W ( 2 ) 


Combining the equations, we get 

T 

14 if + if 



( 3 ) 
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L K V 

where 7* = ^ and T m = . For 6, = 0, equation (I) is obtained, since fy — = e. 

The problem is to devise a switching logic which brings | e I to zero in minimum 
time. This problem was also treated by Bogner and Kazda 4 who derived the equations 

de d?c 

for the switching surface and the zero trajectory, assuming continuity of and 
before and after switching reversal. 

d^c d?c 

Chang imposed constraints on the continuity of j~ 2 by making ** 0 at the switch* 

ing instant. Physically, the constraint is realized by keeping the contacts of the field- 
circuit open for a small period during switching reversal. By means of anti-arcing 
devices the current, if, may be brought to zero in an interval of time equal to approxi¬ 
mately 1 or 2% of the field time constant. The field current, if vs . time is shown 
qualitatively in Figs. 2(a) and (b) for close-circuit and open-circuit switching. Since 
d 2 0 d z e 

acceleration ( ^ or equivalently) is proportional to if, for all practical purposes, 

J20 

may be quenched in a negligibly small time. 




Fig. 2 

Curve of field current vs. time 


Let e = U u *» Ut and = ~j f - denote the phase-space variables. Then the 


dl 

solution to equation (1) in terms of Ui and U 2 > with the condition 

dU z 


>$ 


dt 


0 at / = 0 


14* 


UrLE ( t 
J \2 T 4 * 


-- r i.'j + 


10 


(4) 

(5) 

( 6 ) 
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where IA 0 and ^20 are the initial state where the trajectory starts, and t is the time 
required to reach any state, U\ 9 U % . 

If Lji and U% are the desired final state of the system, the origin, say, then on substi¬ 
tution of the final values in equations (5) and (6), the set of initial points is obtained by 
a reverse process, wherefrom all trajectories converge to the final state. The locus 
of these points constitutes the critical boundary in question. It should be pointed out 
that the critical boun4ary derived in this manner is not a trajectory, as in the case where 
the constraint in equation (4) is not satisfied. In a three-dimensional phase-space, 
it is a surface [Fig. 3(a)] dividing the space in two regions over which the polarity of the 
forcing function has opposite signs. The projection of switching surface and zero- 
trajectories in Ui-U 2 plane as derived by Chang is shown in Fig. 3(b). The response 
of this system is compared with the case where continuity of the state variables is 
maintained (Fig. 4). 



« (b) 

Surface for open-circuit switching Projection on Ui-U 2 plane 

Fig. 3 

Diagram of switching surface and zero-trajectory 


The result is significant for two reasons. First by the response time is about 20% 
faster in this case. The second and the more important reason is the reduction in the num¬ 
ber of switchings required with the consequent simplification attained in devising the 
switching logic. If ail the higher order derivatives are brought to zero whenever their 


components e and 


ie 

it 


become equal to those specified by the critical boundary, then only 


one switching reversal is required irrespective of the order of the system. In practical 
cases, however, it might be difficult to force all the higher order derivatives to zero 
simultaneously at the time of switching reversal. At present, it is difficult to establish 
exactly how many switching reversals will be required for varying degrees of quenching* 
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But it is certain from physical considerations that the time required to reach the origin 
will still be less than the continuous-state case. 



Comparison of time responses of systems 


In a subsequent section, the difficulties in realizing these conditions are explained. 
However, in the following section, this simplification in deriving the switching boundary 
for two other third order cases is utilized. 

3. Critical boundary for other third order systems 

Case 1 ; Third order type-zero system with all real roots 

Referring to Fig. 5, the plant transfer function is taken as 

G(S) = (5 + a j (X+o^HS + a,) (7) 


J tCK 


• 1 

Decision com?U- 

l|£J 

1 c(s) I 


TSH A ML AY 

rn 


R*. S 

Block diagram of syatom 


The differential equation of the system in terms of 0, is 
+ («j + «s + *s)^i ? + (*i <*s + *s ®s + *s * 1 ) + *1 «s «s®. “* ± (8) 

For r(t) — 0, the equation in terms of error, e, is 


-fa + «t + + a s*a + *s + *i)^+(*i*s**)*“i/r;i& ^ 
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The problem is particularized at this point by assuming <x t = 1, otj = 2, ot 3 = 3 
and K — b. The equation becomes 

e + + H + 6e — d; 6S _ (10) 

The solution of this differential equation is 

+ ( 11 ) 
where A x , A 2 , and A 3 are arbitrary constants to be determined from initial conditions. 
Substituting 

Ut 

U 2 


e = 

de 

dt 


02 ) 


we get 


d s e ,, _dU a 
dt 2 ~ U* - dt 


U t = A t €■• + A a «-* +A 3 € » + 


(4 = 

iU t 

dt 


4, 


2 A, 


3 


/4, *"' + 4 y4, «-* + 9 A 3 e- 


I 


(13) 


Assuming the conditions at the time of switching as 

Ut - Uto 

(/,= (/» „ 


dt4 

dt 


0 


(14) 


and substituting these values in equation (13), the time being initially taken as zero, 
we get 

Uto = At + As + As ± 8 [15(a)] 

(/jo — — At — 2 A a — 3 As [15(b)] 

0 = At + 4 4, + 9 As [15(c)] 


If the values of At, A t and A 3 are known, the value of U 10 and (/« can be calcu¬ 
lated from above. The locus of U 13 and thus found can be used as the switching 
boundary. Our interest is at present restricted to calculation of this boundary. For 
this purpose, At, A% and A 3 are calculated for positive as well as negative values of 8 
using equation (13) and assigning Ut, U t — 0 therein. Under this condition, equa¬ 
tion (13) becomes 


At + A t e - ** + A a «“* ±8 = 0 
- At •-* - 2 As € *> - 3.4, = 0 


[16(a)] 

[16(b)] 
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By assigning various arbitrary values to time /, the values of A lt A% and A 8 are 
calculated from equations [15(c)], [16(a)] and [16(b)]. These values are again substi- 
tuted in equations [15(a)] and [15(b)] for obtaining corresponding values for U\q and 

u w 

When these values of Ui 0 and U 2 o are plotted in the plane, the resulting 

critical boundary is obtained as shown in Fig. 6. The curve in the fourth quadrant is 
the boundary corresponding to positive 8 and that in the second quadrant corresponds 
to negative 8. Fig. 7(a) shows a typical optimum trajectory with discontinuous swit¬ 
ching and Fig. 7(b) the corresponding time response for an initial error of 0.53 units. 



Case 2: Third order system with complex roots 

As is well known, if the roots of the characteristic equation of a control system are 
complex, the switching trajectory becomes very complicated even for the second order 
case. 6 Lotz and Titus 6 has adopted certain approximation techniques for a third order 
system with complex roots. It is shown in this paper that using Chang*$ idea the 
derivation, of the switching boundary for such cases becomes a straightforward proce¬ 
dure. This is best illustrated by considering an example. 

In Fig. 5, let 

G(S> “ (S + 0.5) {(5 + 6)* + 64] (,7 > 

with K — I (say). 

As before, if r(t) *“ 0, the differential equation in terms of the system error, e, 
is given by 
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(«) 

Optimum trajectory 


Fig. 7 

Corves for discontinuous switching 


(b) 

Time responses 


The solution is conveniently expressed as 


* — ± 5 Q + < 0 w (K t cos 8 / + K a sin 8 1) 


Abo. 


J t =- 0.5 /tic-®*' + (8 K t - 6 /Q «-»'cos8/- (8 K t + 6 KJ e -«' s in 8 1 (19) 
Using the same assumptions as in equation (14), we get 
tAo = jQ + + /C* 

l/so= -0.5/Cx + 8/C,-6/C 2 


( 20 ) 


( 20 ) 


0= 0.25 Ki — 28K t — %K a ) 

The values of /f lt K t and K a in terms of U ia and Um are obtained from equation 

as 

Ki - 1.06 U„ + 0.1278 U„ - 0.0212 8 
K t =- 0.06 (J» - 0.1278 (/„ + 0.0012 8 
K, = 0.02125 (/„ + 0.0374 (/» - 0.000425 8 
Substituting these values of A*, K % and K$ in equation (19), we get 

Ui = e **» 8 -f- A a Utt + At (/|t 


14-f + + 


(M) 
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where 

A t = 0.02 - 0.0212 e~* 6 ' + €- 6 ' (0.0012 cos 8 * - 0.000425 sin 8 /) 

4,= 1.06 e- o a (0.06 cos 8 / - 0.02125 sin 8 1) 

A a = 0.1278 (0.1278 cos 8 t - 0.0374 sin 8/) 

Bt = 0.0106 «-♦*' - (0.0106 cos 8 t + 0.00705 sin 8 1 ) 

B 2 =■- - 0.53 €-°« - €-•' (0.53 cos 8 H- 0.3525 sin 8<) 

B s =—0.0639 «-° n ' + e-«' (1.064 cos 8 / + 0.7980 sin 8/) 

By assigning various values to t in above and solving for (7 W and U m with Ut = 
l/ 2 ■= 0 in equation (21), the critical boundary for a third order system with a pair of 
complex open-loop poles (Fig. 8) is obtained. 


Fig. 8 

Critical boundary for third 
order system 


It is noted that the switching boundary for this case is a complicated curve, being 
multi-valued in the proximity of the origin. The switching characteristics in this 
region will require involved experimentation. It is not intended in this paper to present 
any such results. However, in the following section a simplified procedure for 
designing the decision computer is given. Experimental results of quenched state bang- 
bang system of the type discussed in case I is presented. 

4. Computer mechanization of quenched state system 

General 

One of the main problems in implementing an optimization scheme is the design 
cl the decision element. The decision element has to perform die task of 
sensing the state of the system and actuating the relay (with proper polarity) at an 
instant when a specified function of the state variables satisfies a given r elationship, ha 
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a quenched state system, the element has to perform the additional task of momentarily 
forcing the higher order derivatives to zero at the same instant. 

With the progress of analogue computing techniques in the last decade, a host of 
special purpose computing units and other sophisticated devices have been put into use 
for such purposes. The use of digital computers has also been advantageously 
employed in many cases. 

The experimental results obtained by using a simplified procedure are presented in 
this paper. The main idea of the suggested computer mechanization is contained in 
Figs. 9 and 10. In Fig. 9, block A shows a function generator on which the switching 
boundary may be simulated. For the type of switching boundary obtained in case I, 
a universal function generator of the series biassed diode type gives a segmental approxi¬ 
mation of the switching boundary. By choosing an appropriate number of segments, 
a close approximation of the switching boundary (Fig. 6) is obtained. 

For the switching boundary of the type as obtained in case 2, a cathode-ray tube 
with a suitable stylus and a photoelectric cell 7 may be conveniently adopted. 

The input to the function generator is e and the output is [/(e)]. Block B (Fig. 9) 
is a comparator circuit. Its primary function is to sense the sign of [/(e) —e]. 
Depending upon whether this quantity is positive or negative the comparator switches 
correspondingly a positive or negative voltage. The comparator output voltage 
energizes the coil of a bipolar electromagnetic relay (Fig. 10) which has separate contacts 
for instantaneous grounding of the second derivative of the error, or, of the output. 
The complete simulation diagram of the system is shown in Fig. 11 and the details of the 
segmental approximation of the switching boundary are shown in Fig. 12. 



TO 

GRIO 


Fig. 9 

Block diagram of decision computer 


Experimental results 

Although it was assumed that ^ is quenched completely, the manner in which it is 
actually realized in the computer affects the experimental response critically. If, for 
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example, the output of the amplifier giving is solidly grounded at the time of reversal, 

a discontinuity in the time response is observed (Fig. 13). To minimize this undesirable 
effect, the integerator voltage is discharged through a resistance of suitable value. The 
integerator discharges at a rate determined by the resultant time constant. Conse¬ 
quently, there is some time delay in affecting complete discharge of the condenser of the 

dPc <jPc 

integerator within the reversal time of the switch; is therefore only partially 



M • 4Mn *t 3t€N *CVe*3tMC AMHHtttg J * XNTf***AtO* „ f.gjt rVhKTfOM 0tMt04fM 

0 c*etcfsto* cuPvtt* 


Fig. II 
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quenched. The effect of such partial quenching is shown in Figs. 14 (a) and (b). The 
step magnitude of error in both the cases is 0.53 units. Possibly because of such 
partial realization' of the switching conditions, the resulting response exhibits small 
magnitude oscillations near the origin. 




Fig. 13 

Effect of type of quenching on time 
response 


Fig. 12 

Segmental approximation of switching 
boundary 



A compromise between these two extreme cases may be realized by adopting the 

d 2 c 

following switching sequence. Initially, gs is grounded through a suitable resistance 
to avoid the discontinuity, and immediately after the switching reversal has taken place 
~~ is connected to ground momentarily. The corresponding time response is shown 

in Fig. 15. A comparison of the open-loop response (top-half of the loop curve) and 
the optimized response (bottom-half of the loop curve) as obtained in this manner is 
shown in Fig. 16. 


The experimental response of Fig. 15 may be compared with the theoretical response 
(assuming ideal quenching) of Fig. 7(b). It may be concluded that such graded 
quenching* does not affect the response time adversely to any great degree. 

An interesting case arises when the system acceleration is never brought to zero but is 
allowed to have a free travel. The resulting response is shown in Fig. 17(a). It may 
be expl a i n ed in this manner: referring to Fig. 17(b) the trajectory starts from the intitial 
error point, p (0,53 units of error) and meets the switching boundary at the point a, 

where the sign reversal of the forcing function is effected, but ^ is not quenched. Due 
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(«) 


Fig. 16 ' 

Comparison of experimental responses 





(b) (a) 

Fig. 14 

Effects of partial quenching 
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to this departure from assumption the resultant trajectory is moved away from the 
boundary wherefrom it might have been brought to the origin. So, instead of reaching 
the origin, the state-point again meets the trajectory at the point, b, and a second switching 
reversal takes place. But as the new forcing function requires the trajectory to move in 
opposite direction the system state-point, after an initial overshoot, again meets the 
switching boundary at the point, c. A third reversal takes the system to the origin, the 
d 2 c 

value of having been substantially reduced meanwhile. 

5. Problems of implementation of quenching scheme 

In the system considered by Chang, quenching of the second derivatives of the 
output or the error posed no problem since motor friction was neglected. If such 
assumptions are not permitted, as, for example, if the system is like the one as discussed 

J 2 0 

in case 2 of section 3, then isolated quenching of ^ J is not a straightforward task. 

Referring to Fig. 18, the relationship between the variables, m 2 and m 3 , of the system 
is given by 

S 2 + 2 a 3 5 + (a 2 2 + fij) ^ 


O 


j. 


*2 

*2 

1 * 



[(s+«*z)*+p a a J 




Fig. 18 

Relationships between variables for a third order complex root system 
Writing in the form of a differential equation we get 

+ 2 * 2 d h + («,* + IV) 8. = K* m 2 124(a)] 

Re-writing, we get 

With the help of equations (24), the quenching problem can be analyzed further. 
Two cases may arise. In the first case, K t m t may be made equal to zero (i.e., Chang s 
open-circuit switching scheme is adopted and if is made equal to 0 at the switching 
instant). The state variables then satisfy the relationship 

5 + 2«,f + W + Ml-8 

wiwre night un&trtp pwtial quMtJun.* but in otAer thrt ihe .bow i. 
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JO 

satisfied, ^ and 0 O will also change values. This means that the state-point has shifted 

from the critical boundary, hence it is not liable to reach the origin after the polarity 
reversal. 

This is the problem which was earlier referred to as the problem of partial 
quenching, and its exact effect can be ascertained only after involved experimentation. 

In the second case, a reference to equation [24(b)] suggests that may be made 
zero if the following condition is satisfied: 


JG 0 


— [2 a 2 + (o^ 2 + (V)OJ 


(25) 


In terms of the D.C. field-controlled machine, this does not imply open-circuit 

switching, but necessitates a close-circuit switching scheme in which the value of i/ 

(or, K 2 m 8 , equivalently) at the switching instant is modified in such a manner as to 

satisfy equation (25). Since the expression of the right-hand side is a function of 

Ja ... ... . . 

2 * and 0 O , a computer with decision capability is needed. Its function will be to calculate 

J8 

i 2 «* ji + (aj 2 + p 2 # ) 0 O ] at the switching time and insert a resistance in the field 

circuit of a value appropriate to satisfy equation (25). This may be built-in for different 

J0 

sets of' values of and 0 o on the switching boundary and a predesigned resistor selec¬ 
ted for insertion in the circuit. This aspect also merits further study. 


6. Conclusions 

The paper emphasizes the idea of quenched state bang-bang systems. Analogue 
computer results are presented and it is seen that these agree reasonably well with the 
theoretically derived response of a system dealt with by Chang. The idea has been 
extended for deriving the switching boundary of a third order system with a pair of 
coniplex open-loop poles. Further investigations, both analytical and experimental, 
are necessary before quenched state systems may be established as a new philosophy in 
optimization theory. 
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Summary 

In* this paper , a phase-plane technique for the solution of generalized 
backlash problem in a feedback control system with inertia , and viscous and 
coulomb friction on both sides of blacklash is described. The general time 
solutions are given for determining the time required to take up backlash 
and for the case of backlash with no coulomb friction on either side, a 
numerical method based on phase-plane technique is given. By this 
method , an overall study of several cases involving inertia and viscous 
friction on one or both sides of backlash is carried out and general results 
obtained . In addition , the cases of an instrument servo with only coulomb 
' friction and with both viscous and coulomb friction on motor side are 
analyzed . A simple method of investigating the existence , location and 
amplitude of limit cycles is presented . 


Notations 

/ = intern, 

/ = viscous friction, 
C = coulomb friction, 


a = 


K' 

l = damping ratio, 
o> = j = natural frequency, 

T ~ y = i = time constant, and 

N = trajectory slope for an isocline. 

Suffixes used with the above symbols 

No suffix indicates the combined system (motor and load moving together) 
quantities with inertia and friction referred to the motor shaft, 

^Presented at the Paper Meetings in the Electronics and Teleconammication Engineering Division. 
44th Annual Convention, Hyderabad, February 8*13,1964. 
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Suffix M indicates motor quantities, and 
Suffix L indicates load quantities. 


It 


_ JjL 


inertia ratio, 


Jm 

(Notations contd.) 

x = = time constant ratio, 

0/, = load angle, 

0M ~ motor angle, 

0 r = input angle, 

E = (0£ 0/?) — error, 


dt 

n ^ ^ =* gear ratio, 

A 


A -- angle of backlash, 

/ ~ time, 

~ time to take up backlash, 

. _ 8 A 



4 £m 2 A 

* 


State points 

Pi ■= position of state point when load just separates from motor. 


P 2 — position of state point just before recombination of load and motor, 
and also indicates both P 2 and P 3 when they lie in the same position 
just before and just after recombination in instrument servo, 


P 3 — position of state point just after recombination of load and motor, and 

P 4 ~ state point where the load is just going to separate from motor once 
again. 


Coordinate systems 

The various coordinate systems used are ^ ^ ^ and (X f K), or, (p, vp). 


In any coordinate system, suffixes 1,2, 3 and 4 refer to the points Pi, Pg» Pa and P 4 
respectively. 


X-pcos^-^ a/* -S 8 0 -0|) = «\/> ~ 

y = p ,in y +{<o(1-e t )=^ + 0£ 
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Introduction 

Backlash is a discontinuous, multivalued nonlinearity and occurs commonly in die 
mechanical linkages which are not connected rigidly as in a gear train. It is 
similar in nature to hysteresis. In the presence of backlash the drive gear has to 
move a finite distance before making contact with the load gear. If the gear train forms 
part of a feedback control system, the system operates open-loop while the backlash is 
being taken up. The effect of backlash is destabilizing and therefore, a system with 
backlash may exhibit a limit cycle. Phase-plane method of analysis was used by a 
number of authors 2 * 8 to study the effects of backlash in a second order control system. 
Pastel and Thaler 8 have analyzed an instrument servo with backlash in the forward 
loop under the simplifying assumption that the load inertia is negligible and a 
small but finite amount of stiction is present at the load end of the gear train. The 
result of their analysis shows that such a system is always stable for a motor damping 
ratio of more than 0.29 and exhibits a limit cycle for lower values of damping ratio. It is 
further inferred that the stablity criteria are independent of the forward loop natural 
frequency. Pastel and Thaler 4 have developed a phase-plane technique for analyzing 
the case, where load inertia and friction are present. Their approach consists mostly of 
computing dividing lines (backlash, separation, recombination, etcr) and then drawing 
the phase trajectories by using any of the well known techniques of construction. 
As many as three dividing lines are required to be computed before the phase trajectories 
can be drawn and the limit cycle obtained by a tedious graphical trial and error method. 
A complete study with variation of different system parameters becomes prohibitive by 
this method. , 

Generalized backlash problem (second order system) 

Consider a second order feedback control system with inertia, viscous and coulomb 
frictions on both sides of backlash as shown in Fig. 1. The system of Fig. 1 can be 
converted to an equivalent system with a gear ratio of unity as shown in Fig. 2. The 
system can now be analyzed between 0* and 0£. When the system is moving with 
the backlash taken up, the total inertia and friction referred to the motor shaft are : 

J 8=5 7m 4 ~Jm + Jl 

+ l (I) 

# 

C — Cm + “jj£ — Cm + Cl 

where die gear ratio is 

‘ (with backlash taken up) 

T 
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Fig. 1 

Second order feedback control system 


. JiTAr r—| ( * 

Ap ► ToryutmKl I— fV* o»*j —|~J—(*]->^ 

^ -i 1 "1_ mrs** LJ 


Km H'/n 


Fig. 2 


Equivalent system with unity gear ratio 


The differential equation describing the motion of the system with backlash taken 


up is 


r d^M , ,d®M r . d$M rs p 

J ~W +} If + Cs i gr , - 5 r =K£ 


Since the motor and load are moving together, we get 
Also, 

£ = 0* - Ol 

Equation (2) can thus be written as 


( 2 ) 


(3) 


l 

C 

a== K 

When the syitem is moving in the backlash region, the motor and the load move 
in accordance with the equations given below. 

For the load. 


h$-+k$ + Cl*°% = ° 


( 4 ) 
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For the motor, 

Jm 


d®M 




df% + ftt -J 4- Cm sign - K (9* - 0/.) 


or. 


d%* 

d? 


J M u -j7+fJ^ = K^ R - 


0, 


au sign 


d$M \ 

IT) 


where 


aw 


Cm 

K 


(5) 


When the system is moving with backlash taken up, the phase trajectory is defined 
by the second order equation (3). 

Its isoclines are given by 

K (° 8 “- i8 "'j<')_ K» l (6) 

(Nj+n Nj+j 

The isoclines, according to equation (6), are two families of straight lines passing 
through 


dh 

di 


and 


[(0« - a), 0] for ‘J’ > 0 
[(Or + a), 0]for^<0 


These isoclines are shown in Fig. 3 with the foci at Ai and A 2 respectively. 

Starting from the state point 0, the load and motor gears move together and separa¬ 
tion would occur, when the slope of the combined system trajectory becomes equal to 
the slope of the drifting load trajectory (load moving without contact with motor gears). 

The isoclines of the drifting load described by equation (4) are given by 


Sl 

dt 


^ • dQ L 
ql K sign j- 


(7) 


(Nth + h) 

These isolines are, therefore, a family of straight lines parallel to 6{~axis. 

Let the separation of motor and load gears occur when the state point reaches P\ 
defined by j^Vi. J or J- Using the condition of separation 

(N » Nt), we get 

or, 

8 * - * ““" (t), i) (Hr), - £ «(^f), 



NACRATH & SURANA: BACKLASH IN FEEDBACK CONTROL SYSTEMS 


45 



Equation (8) shows that the separation of load from motor occurs on two -lines in 
djf'j plane such that 


Slope of separation lines 


K 

7 


{'-n 

The separation line passes through the point 

[(“«-« + £ 4 °] ,o, >> 0 

+ a — jr aLj, oj for ^ < 0 


(9) 


( 10 ) 


After separation at Pi, the load and the motor move according to equations (4) and 
(5) and would recombine when 

MO-MO-A (II) 


where A is the angle of backlash. 

The trajectory for the drifting load can be drawn from its isocline equation (7), but 
motor trajectory can not be drawn by the method of isoclines. Even though it could be 
drawn by another method, equation (11) can best be satisfied by a time solution of Ojl and 

4 
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Choose t = 0 corresponding to the state point at Since load and motor are just 
going to separate at Pi, we get 


Hi = 


(*). - (*). 

i a 

Taking Laplace transform of equations (4) and (5) for 0# “ unit step and for > 0, 

/w \ ^ /l «. /i 


e t ( s ) = ^+ - 


(s + yj * (* + 'rj 


s 2 0JVf(s) — S ®Mi 


mi 


+ y~ U ®m{s}— 6mJ = “m 2 


)] 04)* 


where Tm — and tojw 2 — y - 
JM JM 


Substituting for 0i(s) from equation (13) in equation (14), we get 

(*>M\ 0> , /<*M 

_ ®Ml , _ \ ^ A (I — au — 9 Ml) &>M 2 __ M VA A . 

*(* + r;) + s '( i + fi) ' (* + s) v* + ft) 


at. «M 2 


'KOK) 05> 

Taking the inverse Laplace transform of and 0 m(s) and substituting in equation 

(11), we get 

4 - !M r * ( 1 - - a )+*^ (•-*-•-*)- (i?l T “ 

^1 - + -OM -0Ml)“« l r M ^1 - f~u~ + (?&) 

•«* ft Tm {I - (ft + ft,) - ( ft , 1 r-ft - ft> 

-ot« l'*>«* ft r M (£ - <ft + ft,) i + ai*+ r«* + r t r*> 
- + {ft=73 ( r ‘*^ft-»*«-&)}] <i« 
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From equation (8), 

(1 ~ aM ~ 0Ml) = «*i* (t M ~ f L ) ( 7 ?\ ~ aL (' f Jl) (,7) 

Substituting for (I — au~ ®Mi) from equation (17) in equation (16), the value of 
t for recombination of the load and the motor gears can be obtained by a graphical 
solution for any specific problem, but a general solution is not possible. 

Let t = f j be the time after which the gears recombine. Load velocity at recom¬ 
bination is obtained by inverse Laplace transfoiming s 0/,(s) in equation (13) as 

° ta \ e ~£ - OL «L 2 Tl (l - r Tl) (18) 

Motor velocity at recombination obtained by inverse Laplace transforming s Q m(s) 
in equation (15) is 


(fit ), = [( df), e ~ : Tm + (l 1 - ™ “ 0 mi) V T u ( 1 - «- t m ) - 
T l T M {l + {Tl ± Tm) (VmWm “ ^ £)} + «>m 2 T t Tm j/ - 


WM 


(T l + Tm) 


(Tt 




Tz. 2 « 't l Tm 2 e 


09) 


On recombination, the load and the motor suddenly acquire a new common 
velocity in accordance with the principle of conservation of momentum. The state 
point on recombination corresponds to P 3 on Fig. 3. Thus, 

(dh) = (dO M \ = h ( dt) 2 + jM { dt_ ), ( 20 ) 

\ dt J 3 \ dt / 3 Jl + Jm 

and 

e i a=eM, + (-® Af ) i T L (] -e--)-a t co L *Tx.(l-e-^) (21) 

Also, 

= fy.S = 


From P, onwards, the trajectory can be easily drawn using, the isoclines corres¬ 
ponding to the focus Ai for > 0 and corresponding to the focus A, for < 0, 


till the state point reaches P 4 , where a separation would occur in the negative velocity 
region. 
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If P 4 in fourth quadrant (origin O') lies symmetrically with respect to P x in the 
second quadrant, the trajectory from P 4 onward closes on to Pi and so a limit cycle 
results. Expressed mathematically, the conditions for existence of a limit cycle are 

(£),=-©. 

and 

(1 - e L1 ) = — (I — 0a) 

For any specific system, the limit cycle can be determined by trying various locations 
of Pi till the corresponding P 4 satisfies the conditions outlined above. On account of the 
large number of parameters involved (7a Tm, toa ai and an overall study is 

prohibitive by hand computation. 

Cate 1 j 

(a) No coulomb friction (cll = om = 0) 

With no coulomb friction the points A x , A 2 and Sj, S 2 merge with O' in Fig. 3 and 
a single separation line results. The isoclines of Fig. 3 thus simplifies to those of Fig. 4. 




Fig. 4 

Isoclines lor systems with no coulomb friction 
From equation (8) ,the separation line is given by 

From equation (16) the time to take up backlash is given by 

~ -*^) + (' -i) (' -n—A) 
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x -!l 

T m 


The value of / = t j depends on x and Cm for an assumed value of 


m- 


three-dimensional curve is needed to represent graphically $ 




From equation (18), 


( <$L \ _ (<$M \ - _ D ( \ 

U)-(*},* r ‘■ 8 (ith 


and from equation (19), 




4£m*|_ Cr-D 

-rf)]} 


•« - 8 « + (""). (i -£) CT 

Using equations (24), (25) and (26) in conjunction with the recombination equation 
(20), the existence of a limit cycle can be determined by a trial and error procedure. An 
overall system study would involve three parameters x>Tm and Cm* Two simple cases 
arise out of this case. 

( b ) Equal motor and load time constants 

This is a case of special interest where load has been matched with motor such that 

Tl = Tm , or, x = 1 
Using jc — 1 in equation (23),we get 

(I - 6Mi) * 0 (28) 

It means that separation always occurs on ^ -axis. Equation (24) modifies to 

Y “ 8 ^J 4 “(A “ 2 + ^ <_ ^ + 2 *” f ") (29) 



50 


THE INSTITUTION OF ENGINEERS (INDIA) 


The plot of y vs. according to equation (29) is given in Fig. 5. This plot is 
universal and can be used to determine ^ or system with Ti = Tm and for 


any value 


of A and • 


Using x = 1 in equations (25) and (26), we get 


(M 

/ #M \ 

\dtl- 


m 


\ « A _J 4 2 T 2/1 -i 4 . < _.k\ 

TSV r r « r»“ Tm' r «j 

U A 


Substituting these values in equation (20), we get 


/ 

\ JLl»- -M , _L_ /_i4L , ^ _ k A 

6 7w + 4(1 +;,){«* rw+ 7 '„‘ 7 

v dt A 


where / r 


From equation (27), we get 

®tS = fya = + 


(£)/■(' 


Equations (32) and (33) give the location of P* for which P 4 can be determined by 
graphical or numerical techniques. For any specific system, two or three trial values of 


m 


would suffice to determine the existence of a limit cycle. 


The results of a specific system study with fixed J, and A, and varying are given 
in Table 1. 

Lindt cycle criterion 

A limit cycle criterion can be obtained for the case of Tl^Tm by considering the 
system behaviour for very low values of ( • A limit cycle would exist if the 
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Table 1 

J r = 03, t*M = 10 radians per se:., and A = 0.05 radian 


(M 

( ^Jt ) ^° f * ^ IT “ t CyCl *' 

radian per sec. 

0.10 

0.55 

0.20 

0.30 

0.30 

0.10 

0.35 

No limit cycle 


For very low values of 7 is very large and ^ as obtained from equation 

(25) (vide Fig. 5) tends to be very high, so that in the limit 


JL 

*~Tm 


as 



(34) 


Using this limit process in equations (32) and (33), we get 


( dOAf\ 

\ d t / 3 __ __ cojv/ 2 T m 2 


(35) 


and 


®La = + Tm (^jfj 


(36) 


At this stage, it is convenient to transform from ^l* P^ ane to P^ ane 

in accordance with the well known linear transformation given below. 


-P(1 -0t) = pcos^ 

y = - f+ U(1 — 6t) = Psin4/ 

where Vj/ » measured positively in clockwise direction. 


07 ) 
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Eyuat Load and Motor Time Coraftmts 

r « Vn, 



Fig. S 


Curve of y os. 

It is obvious that the system would diverge and get into a limit cycle, if p« > Pi, 
which yields the condition given below (vide Appendix). 


i £ (” _ .„_i ✓ I - 2 £* V 


4£* 


£ v I - £* 


> 1 


(38) 


The solution of equation (38) yields that the system would get into a limit cycle if 

£ < 0.413 (39) 

This result is verified by the data given in Table 1 according to which the limit cycle 
does not exist for 

(m = 0.35 


or. 


since 


£ - 0.425 


£ = UV< +/,=aA5Cm 

Equation (38) also shows that the existence of a limit cycle depends upon 
damping ratio only and is not affected by any other system parameter. 
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(c) Zero load friction 

If k - 0, 


T l = = oo, or, at - co 


The separation of load and motor gears now occurs at 

(l - °" J " ( 2 E-:) ( 1 r), 

Under this condition, equation (24) modifies to 
8 W<o m a 


> <.**«* A _ r t / t y _ (1 

( df) ’ ^ * W r "J 


(40) 


(41) 


(42) 


Let 


8 Wo>M 

8 V (o (i + j r y a 


r ^j 

i! 

( do M \ 

(43) 

V* A 

U A 



M 


According to equation (42) the universal curve is plotted in Fig. 6 for y vs . 

* J 

which is applicable for any system with /l — 0 and for any amount of backlash and 
‘ norma ^ ze ^ t * me (^Tm) requ * re< ^ to ta ^ e up backlash be conveniently 
evaluated from Fig. 6. 

Since the load friction is zero, the load velocity remains constant after separation till 
a recombination occurs. Thus 


(<Wl\ /<#, aA 

Ua U A 


(44) 


It follows that on recombination 




and 


8u-8«, + (^ ! ) i (^)7'« 

Transforming to (X, Y ) plane (vide Fig. 7), 

*. - (-if), 2 1 Vf-c* [i - (&) mr+ «] 

{ 1 _ (r«) 4 W+X)} — n*( i+;.) _ 


(46) 

(47) 

(48) 



THE INSTITUTION OF ENGINEERS (INDIA) 


Zero Load friction 
* ** € /r m 



Fig. 6 


Curve of y vs- 


t 
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The separation line transforms to a line passing through origin with an angle vy 1$ 
where 



2 w-t 

(49) 

At point Pl 

-(t). 

(50) 

Let 

—m} 




(51) 


Therefore, 


and 


P 3 — *Wi V 'j 

I 

% = (*-tan^) j 


(52) 


Referring to Fig. 7, it can be shown that 

P4 “ ( *“)y*+ 82 e ~ v\ - {«(* ■■ ^ 4 ian_ ’ 

A limit cycle exists when 


B 

A 


) 




Pi 


or, 


+ 2(2 


Vi_f 2 {• 


tan- 1 . + ton ^ 


)- 


(53) 


can 


Since A and B are functions of J r and the existence of limit cycle 
be determined by trial and error from equation (53), but no definite conclusion is possible 


*4 


as in case 1(b). Allowing 6 7m -> 0 does not produce any better results. 


For specified values of X, and J r $ is obtained graphically from equation (53) 

and the corresponding y is read off from the universal curve of Fig. 6. According to 
equation (53), the existence of the limit cycle is independent of co and A; but the 

amplitude of at the limit cycle depends upon these two parameters according 

to equation (43). 
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The results of a study carried out with fixed ] r (J r = 1) and varying £ (0 to 0.5) are 
plotted in Fig. 8 from which the value of y at which the limit cycle exists can be read 
off. It is seen from this figure that as £ reduces, y increases monotonically. It means 
that the system always breaks into a limit cycle and never becomes stable in the range 


( IQ V 

dTJ Khu* cycle 

decreases monotonically as damping ratio is increased. The maximum error amplitude 
of the limit cycle is plotted in Fig. 9 for (o> = 10 radian per sec., A = 0.05 radian). 
The error becomes less than 5% for £ >0.21 for this case. 



The results of a study with fixed Cm (Cm * 0.2) and varying J t are plotted in 
Fig, 10. It is noticed that y reduces monotonically with J r but the system never 
becomes stable. The maximum error amplitudes are plotted in the same figure for 
<*> = 10 radian per sec. and A = 0.05 radian. 

Case 2 

(a) Instrument servo with negligible load inertia and small but finite load diction 

This case is met with in instrument servos. The small but finite section assumed 
to be present at the load shaft does not affect the damping of die combined system* but 
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Fig. 9 


Curve of 


error vs. £ 



% 


Fig. 10 

Curves for fixed £m and varying J r 

makes the load time constant, Ti = 0. From equation (23), it follows that the separa¬ 
tion occurs at 

(if). - ° <54 > 

It means that the load separates from motor along 0/,-axis, when the motor velocity 
is passing through zero. The load stops immediately the contact with motor gears 



58 


THE INSTITUTION OF ENGINEERS (INDIA) 


is lost and restarts instantaneously with the motor velocity, when the backlash is taken 
up. This case has been analyzed by Pastel and Thaler. 3 The authors have shown that 
a limit cycle always exists for Z, < 0.29. 

(b) Instrument servo with only coulomb friction at motor shaft 

Separation of the load from the motor occurs whenever the motor goes through zero 
velocity. The load stops immediately and stays stationary at Pi in Fig. 11 such that 



Fig. 11 

System trajectory 


During the separation period, the equation of the motor can be written from 
equation (5) as 

Jm J t 2 — K [ \ - t) M ! — CM Sign Jf ) (55) 


= 1-1 


Considering the separation that occurs as the motor velocity changes from negative 
to positive, it can be shown that the time to take up backlash is given by 


- /- 2 ~ A ', 

V w Af* 


Ei = (1 — 0„i — om) (57) 

Also, the motor velocity at recombination, which equals the load velocity at recom¬ 
bination, since the load inertia is zero, is given by 


(^), - \ “ W2A %' 
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Defining 


We get 


£ ----- (1 


dE 


dt 

dt 

dE \ 


dt j 2 



< 

Cvl 

> 

1 


It is well known that on recombination the system trajectory is a circle in 
plane centred at A t as shown in Fig. 11. 

rmy] 

RadiiiQ r»f A.P~ = / I ^ ^ '% I -J- Ej ri ~~ yj 2 A E-\ 4' 


Radius of circle, AxP 2 == / 

'\ 


The system separates once again at P 4 . For stable operation, 

OP 4 < OPx 

(AiP 4 — a/vf) < (aw — Ei) 

But A 1 P 4 == AjP 2 » since P 2 and P 4 lie on a circle centred at Ai. 

For stable operation, 

F ' ( n - 4 ^ om 2 \ 


^ ' V A - 2 a M ) 

Thus, according to equation (62), the system would be stable for errors less than 


I «Af t r— o - ) and unstable for errors larger than this value. It implies that the 
\ A — Z au) 

system has an unstable limit cycle when 

Ei ■= 4* ^ Q^j f or 2 qm < A (63) 


Ei ■= 4- ^ ^2qm) ^ or ^ ° M < A (63) 

The limit cycle, hovever, vanishes for 2 aw ^ A and the system becomes 
stable. Equation (63) indicates that the condition of existence and amplitude of the 
unstable limit cycles are both independent of o 

(c) Instrument servo with both viscous and coulomb friction at motor shaft 

With both viscous and coulomb friction present in an instrument servo, the 
differential equation of motor motion during the backlash region is 

Jm + fm ^ = K ( 1 - 6 Ml - a M sign J - ( M ) (64) 


The time to take up backlash is given by 
4 A / 

Ei' 


p-(-. + £ + ^) 
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Ei = (I — 0Mi — cim) = Ei — fytfi (66) 

The magnitudes of G^ lt Ei and clm are indicated in Fig. 12(a). As shown in 
this figure the separation occurs at P 3 and the recombination at P 2 . From P 2 to P 4 , 
the system follows the linear second order trajectory with focus located at Ai which 
is shifted from O' by cm. A limit cycle would exist if 

0'P 4 = 0'P 3 (67) 

At P 2 when the backlash is taken up, 

(68) 

where J* the normalized time to take up back lost is obtained from the plot of 
iM 

equation (65). 

( dE\ 0 

E', j~ \ to (X, Y) plane, Fig. 12(a) maps in to 

Fig. 12(b) sucb that 

pi = 1 


= tan 1 




%£i' 

2 Cm 


|j — 2 (1 — 2 Cm*) « Tm + t Tu 


S', = tan 


t (l — « Tm) — 
' 2 
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Ai O' -= co M au (71) 

The trajectory from P 2 to P 4 is a logarithmic spiral and it can be easily shown that 

Cm 

/_ 1 Tf 1 Tt \ /.av 


p4 ~ p2 e - Cm 2 


(tt -w, v 2 ) 


Using equation (67), a limit cycle would exist if 

p4 “ OM co M == ?1 + QM 


D ___ p 4 pi 


The value, D --- (p 4 — pi), is the amount (in p, y plane) by which the state point 
diverges if om — 0, i.e., there-is no coulomb friction. The divergence, D , is positive 
for low errors only if £ m<0:29 . It means that a limit cycle for the system having both 
viscous and coulomb friction would possibly exist only if Zm < 0-29. 

It follows from equations (70), (71) and (73) that 

<£=“[ *-2 ( I—2C« t) *-n,+*-rS] 1 -' <M> 

Since ^ is independent of o) Mt it means that the existence of limit cycle is 
independent of m and depends upon Zm and qm only. Equation (73) would be 
satisfied at a particular value of ^ and so a particular value a. It means that the 
amplitude of limit cycle would also be independent of co M . 


The limit cycle is determined at a specified Zm hy plotting 


ing (»«) “• (! 


The nature of the plot for Zm = 0-2 is given in Fig. 13. It is seen that ( ) goes 

through a maximum positive value and finally becomes negative. The (2 <zm) line on 
Fig. 13 shows that two limit cycles are possible. For values of ^ less than 
that corresponding to the point U, the system converges and is stable; while for 


values of I 


more than that corresponding to the point V, the system also converges 


and is stable. For values intermediate between the points U and V, the system is 
unstable. Thus the limit cycle defined by the point U is unstable and that defined 
by the point V is stable. 

When au = 0, there is only a stable limit cycle corresponding to the point W in 
Fig. 13. As aw is increased, the amplitude of the unstable limit cycle increases, and 

that of stable limit cycle decreases, t;ill the (2 qm) line becomes tangential to — 



a 


THE INSTITUTION OF ENGINEERS (INDIA) 



nil tr“- r h v f "-*- *• •»*» b«™ «u. ^ 

IS “ V" C " '-'' 10 »*■ - - 4 » « 05 -S. per 

Unstable limit cycle exists at £/ = 0.003 radian 
Stable limit cycle exists at = 0.0245 radian 
System becomes stable at a MS = 2 

% 

Conclusions 

in a iLSn 'T? t* pha8 T P,ane techniqUe for Ae generalized backlash problem 
m a seamd order feedback control system with inertia, viscous and coulomb friction on 

both sides of backlash The equation for separation lines and location of the foci for 

solution for tiu^Xh 

» derived, from which the time to take up backlash can be obtained by a 
gttphual solution. It i,shown that a limit cycle would exist, if the separation pit 

in the region of positive ^ is odd symmetrical to the corresponding point in the region 

0 negative -jp The limit cycle can be determined for any specific system by trial and 
error in the phase-plane. The results for a system in which the various inertia, and fric- 
y ^ fr ^^ 8en * ,Jca8e - 
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The first simplification results when there is no coulomb friction. The equation of 
separation line and the equation for obtaining the backlash take-up time are given. An 
overall system study involves three independent parameters. A case of special interest 
arises, when load and motor are matched so as to have equal time constants. The load 

m 

separates from the motor in this case always on the ^—-axis. A universal plot is given for 

Y vs. Yj^f from which the backlash take-up time for any initial conditions can be read 

off. A criterion is developed to determine the existence of a limit cycle, according to 
which the system breaks into a limit cycle for £ < 0.413. This result is verified by a 
direct system study. 


For the case of negligible load friction, a universal chart is given to determine the 
backlash take-up time. It is found that the existence of a limit cycle is independent of the 
system natural frequency and the amount of backlash, while the amplitude of limit cycle 

depends directly upon these two parameters. A limit cycle criterion is deve- 
1 

loped which can be solved by numerical trial and error, and the limit cycle can be deter¬ 
mined much quicker and more accurately than by constructing recombination lines and 
phase trajectory. The criterion, however, yields no clear cut conclusions directly. 
Two system studies are, therefore, carried out from this criterion (i) ] r = 1 and variable 
£ (0 to 0.5) and (ii) X,M = 0.2 and variable ] r . These studies indicate that a system with 
zero load friction always has a limit cycle up to the value of £ studied, i.e„ (0 to 0.5), but 
the error amplitude decreases monotonically with damping ratio and becomes less 
than 5% for £ > 0.29. 

In the case of instrument servos with viscous friction only, the limit cycle criterion 
has been developed by Pastel and Thaler 3 according to which the system becomes stable 
for £ > 0.29. 

It is shown in the present paper that for instrument servos with only coulomb 
friction at motor shaft, the unstable limit cycle can exist, the amplitude of which is 
independent of <*m and depends upon clm and A only. The system becomes stable 
for 2 aw > A. 

For an instrument servo with both viscous and coulomb friction, investigation for 
a limit cycle needs to be carried out for £ < 0.29 only. A graphical technique is advanced 
for determining the existence of a limit cycle. It is found that in general two limit cycles 
are possible, triz. f an inner unstable limit cycle and an outer stable limit cycle. As 
coulomb friction is increased, the two limit cycles become closer to each other and then 
merge into a single unstable limit cycle. The system becomes stable for larger values 
of coulomb friction. For £m = 0.2 and A = 0,05, this happens at > 2. 


(#$L\ 

[dtj 
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Appendix 

Using the transformation of equation (37), at the point P x 


Therefore 


and 


x 1 = o>^/\ -p ( i -e M1 )-o 

»'■ — “0—= -(t). 


91 ~ far A 


% =- 


(75) 


At the point P 8 

AT. = . VT^I? [r-«W.-7W (^) J - - » T U (^)_ 


(76) 


y _ Tm / <$M \ i r .. (\ _ Q t 1 o v_ “M® Tm / <$M \ 

i+/ f \ * A c 0 ^ ~ t+x fa a 




Since 


or, 


we get 


t l =t m 


h —hs 
h /m 


h _h __ r 


OB) 
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r = Jl + Jm __ Jm 

Jl +7 m Jm 


Therefore, 


t = t m = t l 


C w = Cm 


Jl + Jm 


Therefore, 


« _ j Jm = _i 

V Jl + JV a/ 1 - 


V /l + 7/V# \/ I + Jr 

From equation (6) using equation (7), we get 

Substituting equations (80), (81) and (82) in equations (76) and (77), we get 

v=-V^ , ^_0 M \ 

2 c {it A 


V -\/\-2 V (Mm\ 

4 V \it)i 


Therefore, 


p, = - 1 (<®m\ 

* Mv), _ 

(85) 

\~ X >J 2CV-C 2 

The points Pi, P, and P 4 in (p, *f0 plane are shown in Fig. 14. 

From P, to P 4 , the state point follows the trajectory of the combined linear second 
order system, which is given by 


At point P 8 , 


P-Cr^sV 


d0Af\ 

it i = c *—; 
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Fig. 14 

Points on (p t V) piano 


Therefore, 


At point P 4 


Therefore, 



t 3ir 


Substituting for C from equation (13) in (15), we get 



A limit cycle would exist if 

Pi = 91 


JL-2T* V 

'/i-f*' 2 2 {VRv 


(87) 

( 88 ) 

(89) 

(90) 


1 


(91) 
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v Summary 

A typical position control system with the necessary phase compensation 
is chosen for study . A gain advancing lag network is designed for this system. 

The effects of shifting the comer frequencies of the lag network on the per¬ 
formance of the overall system with respect to input and load-disturbed 
transients are studied on an analogue computer set-up and the results 
are presented in this paper . The corresponding variations in the root-loci and 
frequency responses of the system are obtained by digital computation . The 
effects of changes in the lag network comer frequencies on system performance 
with respect to stability , damping , rise time of transient responses , nature of 
settlement of transients under input and load disturbances are evaluated from 
experimental results . A generalized scheme for arriving at the best choice of 
network comer frequencies is developed . 

1. Introduction 

The common form of the simple position control system, consisting essentially of an 
amplidyne and a servo motor, is of third order type-1 and hence requires phase 
and gain compensation to meet the requirements of good stability and low steady state 
error. Such phase and gain compensation can be accomplished satisfactorily by using 
lead and lag networks respectively. The paper discusses the experimental and 
analytical studies made to ascertain the criteria relating to the choice of lag network 
parameters for optimum system performance. 

2. Choice of representative system 

The transfer function of such a position control system is of the form 

* G °,ir +J (l + T .,) (l > 

where r m and r m are the operational time constants of the servomotor and the amplidyne 
respectively. When the servo motor has an externally applied torque in addition to the 
inertia load, its transfer function is given implicitly by the equation 

0 — km EaZ hlsJs 

Uc ~ p(\+r m p) 


* Written dkcuesum on tins paper will be received until November 3Q, 1964. 
Thu paper mm received an November 26,1962. 


( 2 ) 
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where £ a is the armature voltage and L n the load torque per unit moment of inertia 
of the motor system with respect to the output shaft. The values, K m = 1.0, 
r m — 0.1 sec. and r a — 1.0 sec., are chosen as representative values. After phase 
compensation for satisfactory stability, the ovrall transfer function becomes 

„ r - _ 33 _ QJi! +p) m 

KU -pX\~+p)(\+0.\p)(\+0Ap) w 

where the second factor of the product represents the lead network. Choosing an 
error margin of 1 degree at 5 revolutions per min., the minimum value necessary for the 
gain-constant required becomes 30, thus necessitating gain advancement by about 20 
dB. This can be accomplished satisfactorily by using a lag network. 

* 

3. Lag network and system optimization 

Fig. 1 shows a common form of lag network. With a sinusoidal input voltage, the 
output lags behind the input in phase. With zero source impedance and infinite load 
impedance, the operational transfer function of the lag network is given by 


Eo = 0 +rp ) 
Ein (1 + a rp) 


(4) 


where r = R ± Ci and a = 


(Hi + /?») 


The network ratio, a, determines the low 


frequency gain advancement obtainable. By increasing the system gain by a factor, a, 
it is possible to increase the gain constant by a factor, a, while the insertion of the lag 
network retains the gain crossover frequency unaltered. 





Fig. 1 

A simple lag network 


, It is observed from equation (4) that the lag network introduces into the system a 
zero equal in value to its upper comer frequency, -, and a pole equal in value to its 

T 

lower comer frequency, —. These values of the comer frequencies of the lag network, 

CL T 

relative to the poles and zeros of the rest of the system, greatly influence die overall 
performance of the *ystem. 
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An optimum system may be defined as one having the best form of transient 
response to a step input. A satisfactory assessment of the degree of optimization can be 
made from a knowledge of the rise time and the settling time of- transients under a step 
input. An experimental study was. therefore, undertaken by the analogue computer 
techniques for the purpose of determining the values of comer frequencies of the lag 
network for which the system gives optimum response. The effect of the lag network 
design on the nature of the load disturbed transients was also examined. 

4. Experimental procedure 

An analogue computer set-up simulating completely the basic system, the phase 
advancing system, and the gain advancing system is shown in Fig. 2. The simulation 
of the basic system follows equation (2) so as to make provision for the study of system 
response to load disturbances. The equalizing system (stages 2 to 5) is placed 
between the two parts of the basic system simulating the amplidyne (stage 1) and the 
servo motor (stages 6 and 7). Stages 2 and 3 represent the phase advancing system, 
while stages 4 and 5 simulate a variable lag network for a fixed value of gain com¬ 
pensation under varying values for the corner frequencies. If the value of the two 
capacitors of same rating, C, in stages 4 and 5 is made variable simultaneously, the 
variable function for the gain advancing system becomes 


K G (gain-advancer) 


10(1+0.5 Cp) _ 
(1 + 5 C p) ~ 


p+ 2 c) 



fC6 * 


33.3 


Fig. 2 

Analogue set-up of compensated system with variable design lag network 


Thus, by changing the value of the capacitors, the position of the lag network 
comers on the frequency scale can be changed over a wide range, while keeping the 
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network ratio of gain advancement constant at 10. The leakage resistances of the 
capacitors employed were measured and allowed for in setting up the expen mental 
analogue. 

For different values of the comer frequencies of the lag network as obtained by 
changing the values of the capacitors, C, a low frequency square wave (0.01 cycle per 
sec.) signal was applied at the input terminal of the analogue set-up and the nature 
of the output signal was observed and recorded on a Brush recorder when the input 
signal was removed suddenly. 

For the same amplitude of square wave signals applied at the point on the analogue 
corresponding to the load torque disturbances, the behaviour of the output potential was 
observed, when the applied signal was removed suddenly. 

5. Discussion of results 

A representative set of recorded transients under input and load-disturbances is 
given in Fig. 3 and Fig. 4 shows the polar plots of the frequency response and phase angle 
characteristics of the system for several values of the lag network comer frequencies. 
Fig. 5 contains the root-loci for the same functions. Data for plotting the above 
curves were obtained by digital computation. The results of the experiment are given 
in Table 1 along with relevant particulars obtained from the graphical plots. 


Input disturbed transients Load disturbed transient 



(•) 


Phase compensated system without gain compensation 
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4.0 
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of input- 
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transients, 
ts 

n 

Rise 
time of 
input- 
disturbed 
transients, 

tr 
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0.5 

0.8 

1.3 
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shoot of 
input- 
disturbed 
transients 

80 

29 

10 

30 

Damping 
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damped 
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15.0 

15.5 
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16.0 

Phase 

c 
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E 

0 
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0 
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-1 3 
£ 
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9.5 

9.5 

9.5 
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4.30 
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3.15 

3.00 

t 

3.00 

Comer frequency 
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4.0 

1.0 

0.4 

0.25 

0.001 
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revolu¬ 
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sec. 
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0.4 

0.1 

0.04 

0.025 

0.0001 
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|u- 

0.002 

0.5 
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The effects of a .variation in lag network design on the phase compensated third 
order type-1 system, as borne out by experimental results, are summarized below. 

Stability and damping 

The system without gain advancement has a high degree of stability and damping. 
But it is susceptible to large errors in the steady state, as evidenced by the very low 
tendency for corrective action on load disturbances. 

For extremely small value of C, the system is oscillatory on account of the pole of 
the lag network being close to the rest of the poles and zeroes of the system; this de¬ 
stabilizing effect is reduced as the value of C is increased. Thus, the system damping 
improves, as evidenced by improvements in overshoot, phase margin and the damping 
ratio of least damped roots. An optimum value for C appears to exist with respect to 
system stability and damping. A maximum value is obtained at this condition for the 
least damped roots. This condition is approximately represented by the point at which 
the tangent from the origin touches the constant-gain locus plotted over the root-loci 
(Fig. 5). For the system under study, this occurs for C = 5 fxF, for which the comer 
frequencies of the lag network are 0.04 and 0.4 radian per sec. 

As the values are further increased for C the stability becomes poorer, the over¬ 
shoots larger and the system response more sluggish. The destabilizing effect may now 
be traced to the fact that the pole of the lag network approaches the origin. 

Rise time of transients 

There is a steady increase in the rise time of input disturbed transients as the value 
of C is increased, along with a corresponding decrease in gain crossover frequency. 
However, it is also found that an exact inverse proportionality does not exist between 
the rise time and gain crossover frequency under nonuniform conditions of damping and 
stability. 

Nature of settlement of transients 

A steady increase in the settling time of the input-disturbed transients as the value 
of C is increased indicates the increasing sluggishness of the system. This i$,due to the 
increasing time constant corresponding to the negative real root introduced by the 
zero of lag network into the system. 

Transients under load disturbances 

The absence of the lag network leads to large errors in the steady state. A load 
disturbance under these conditions is found to cause a large dislocation with very little 
corrective action. 

Changes in the lag network do not have any appreciable effect on the maximum 
shift of the output for a given magnitude of load disturbance. 

The importance of the zero of the lag network as the determinant of the settlement 
characteristics of the system is clearly seen in the study of load-disturbed transients. 
The transient disturbance of output under a step disturbance on load ts found to decay 
exponentially with a rime constant corresponding to the upper comer frequency of 
lag network. 
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6. Criteria for choice of lag network 

Since the upper corner frequency of the lag network is found to largely determine 
the. nature of settlement of transients, the designer may attempt the prediction of a 
lower limit on the zero of the lag network on the basis of the restrictions on settling time. 
Especially in the case of load-disturbed transients, where the decay of dislocation is 
practically exponential, a simple correlation between the settling time and the time 
constant is possible. It is observed that, under conditions of good damping, the settling 
time (5% basis) under input disturbances is found to be approximately equal to the 
time constant of the exponential decay of load-disturbed transients, the latter in turn 
being equal to the reciprocal of the upper corner frequency of the lag network. This 
gives an approximate empirical relationship : 

r m = /.= y- (6) 

"min. 

where T m is the maximum value of the time constant corresponding to the zero of the 
lag network, t the maximum allowed settling time under input or load disturbances 
and Z m i n . the minimum value for the upper corner frequency of the lag network. 
Although this relationship is approximately true only under conditions of good damping, 
this may nevertheless be employed for initially estimating tl\e zero of the lag network, 
so that allowance for it can be made during phase compensation. 

It is seen from the results that, in order to have good damping and stability and 
reasonably low values of rise time and settling time of transients, the choice of the lag 
network has to be the one with C == 5 p.F for the system under study. 
A study of the effect of the poles and zeroes of the system on its frequency 
response would suggest a simple, though empirical and approximate, relationship that 
would yield the optimum region of choice for the zero of the lag network in terms of 
the poles and zeroes of the rest of the system and the asymptotic crossover frequency 
required for stability. Fig. 6 indicates schematically the typical placement on a 
logarithmic scale of the poles and zeroes in the vicinity of the asymptotic crossover 
frequency. The approximate empirical relationship connecting these is 


‘"X + '-C 


log “ c ‘ ~ log Pj5¥d + log *- 
Pi <»c, “tl 


which simplifies to an estimate of the zero of the lag network as 


, M_pi_ 
Zlead Pi 


(7) 

( 8 ) 



fif.6 

Typical placement of poles and zeroes 
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For the case under study, with an asymptotic crossover at 333 radian per sec., equation 
(8) yields a value of 0.367 radian per sec. and this agrees well with the experimentally 
determined optimum value of 0.4 radian per sec. After the upper corner frequency for 
the lag network is thus established, the value of the lower corner frequency is easily 
fixed on the basis of the degree of gain compensation desired. In the case under study, 
the lower corner is placed at 0.04 radian per sec. for obtaining the necessary gain com¬ 
pensation of 20 db. 

7. Conclusions 

The results of the experimental and analytical studies described in this paper 
would serve as useful criteria in the choice of the best lag network design for the gain 
compensation of a phase-compensated third order type-1 system with unity feedback. 
The developed criteria indicate the best range of values for the lag network upper 
corner frequency that would optimize the system in respect of the transient response 
under input or load disturbances. 
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TRANSISTOR OPERATIONAL AMPLIFIER* 

R. Sundar 
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Summary 

This paper describes a low drift transistorized operational amplifier 
designed to form the main computing element in a D.C. analogue computer 
being developed at the Electronics and Radar Development Establishment , 
of the Government of India. An analysis of the operational amplifier 
as a summing amplifier and as an integrator is made and the characteristics 
of the amplifier required to achieve a computing accuracy of 0.01% are 
drawn. 

The amplifier in the steady state has a forward gain of approximately 
1,000 volts per microampan ouput swing o/ ± 10 volts , and an output drift 
of less than 1 millivolt per hr. The principle of chopper stabilization is suc¬ 
cessfully used to achieve the low drift . Test results of the amplifier con¬ 
structed on two plug in printed circuit boards indicate useful performance 
adequate for the normal analogue computers. 

Introduction 

The analogue computer is now established as the most useful aid in the investigation 
of problems, e.g. % control of anti-aircraft fire equipment for radar. The need for 
greater accuracy and increasing number of parameters entering the computation has 
however necessitated more computing amplifiers with corresponding increase in the 
size of the computer. Transistorized computers provide useful solution in reducing 
considerably the size and power requirements of the computer with added reliability. 
The transistor operational amplifier forms the basic building block of the computer. 

Analysis of operational amplifier 

A block diagram of an operational amplifier without drift stabilization is shown 
in Fig. 1(a). The corresponding equivalent circuit is shown in Fig. 1(b). 

The transistor is essentially a current operated device, its admittance properties 
bearing a close resemblance to the impedance properties in a valve. Nevertheless, it is 
still convenient to use a voltage analogue in perference to a current analogue. The 
analysis of the amplifier has been made accordingly, although the open-loop gain of the 
amplifier is defined by a transfer impedance instead of the normal voltage or current 
gain. The amplifier is represented by its input impedance, ft, transfer impedance 

Z = and Jtg output impedance, ft. 

input amp* 

* Presented at the Firet Conference of Automation and Computation Scientiits of Indi* Sindri. 
February 22-24, 1963. 
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I . 

j r—- wvvivvw 



(a) 


Fig. 1 

Operational amplifier circuits 


(b) 


The output impedance, Ro, is generally made very small compared with the load that 
the amplifier can drive and hence, for an input current, i, flowing into the amplifier 
terminals, the output voltage is given by 

e 0 -- - Z i 

Equating the currents at the summing node, we get 


( 1 ) 


< ci L —i 

< ft 


i R, iR t + Z i 
Zj 


or. 


ft 


5 R, ~' V 1 + Z, + Z, 




• « ~ c • 

Substituting i — 7 ° and collecting terms, we get 



( 2 ) 


The amplifier behaves as a pure summing device when the feedback impedance is 
a pure resistance and as summing integrator when the feedback is through a condenser. 

Z/ 


For a perfect amplifier, the output voltage should be e 0 ~ 


X/?, 




The 


output would then be governed entirely by the computing components /? lf R 2 , /? 8 
and Z/. The other terms in the above equation then represents a computing error 

z 

which decreases with an increase in the transfer ratio, ~, and tends to zero as the 

Zf 

transfer impedance tends to infinity. For a finite transfer impedance, the input impe¬ 
dance of the amplifier also contributes to the error and for the same transfer impedance 
should be small compared with R Xt R it R z and Z/ for a low computing error. This re¬ 
quirement of the operational amplifier is significantly in sharp contrast to the high 
impedance requirement of the vacuum tube operational amplifiers. 

For the amplifier working in a summing role, equation (2) can be re-written as 

ft r i 


to == Sei 


Ri 


1 + 


.ft 

Z" 


o+*a+t). 
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The effect of /?;, R it R 2 and Rs is hence to effectively reduce the transfer impe¬ 
dance, Z. 


Representing-n-hy an equivalent transfer impedance, Z\ we get 


*0 


s ,. * 


R, 




The error in the summing amplifier due to the finite transfer impedance can be 
simplified as 


Error - £ e, £ ^ + Z ) 


(3) 


For a single input e lf 


% error 


- ( ,0 ° X R f + z) 


To achieve a 0.03% computing error for a single input with a feedback resistance 
= 100 K, the transfer impedance is 


, _ 100 x R, _ 100 x 100 x 10 8 _ 1,000 


Z' = 


0.03 


0.03 


L/VV | 

megohm 


For a three input summing amplifier with a loop gain of I, for the same percentage 
error, the transfer impedance, Z', would have to be 1,000 megohms. 

Since Ri = R 2 = = Rf = 100 K, for an input impedance R x of the amplifier of 

the order of 2 K or less, the effective transfer impedance, Z' ~ Z = 1,000 megohms. 

In the above analysis, the effect of noise and zero drift of the amplifier have not 
been considered. The amplifier output voltage drifts with the input earthed owing to 
the quiscent parameters of the amplifier drifting from its set value at any instant. This 
also contributes an additive error in the system. Although each stage of the cascaded 
D.C. amplifier contributes to the total drift, the final drift voltage at the output would 
be more or less determined by the drift component of the input stage. If the total gain 
of the amplifier is made up of individual stage gains, Z\ % Z 2 ,.and the correspon¬ 
ding drift components are iji, i</ 2 ,.. then it can be shown that the effective drift 

referred to the input would be 


id 


idi + 


id2 ._y_3„ 

Zl ZiZ* 


dependent mostly on the input stage drift. Allowing for an effective current drift, 
ij, flowing into the input impedance, Ri, of the amplifier, for the same input current, 
i 9 assumed in equation (1) the final output voltage is 
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The drift errror is additive. For a summing amplifier with a high ^ ratio, the 

drift component is approximately equal to Rf id- The drift is directly dependent on 
the feedback resistance, /?/, and the effective input drift and independent of the close" 
loop gain. The D.C. drift of the system thus limits the computing accuracy of the 
system. 


Integrator 

When the feedback path in the loop is through a condenser, C, the impedance, 

Z/, in the amplifier equation is equal to Jr where p is the differential operator. The 

L p 

operational amplifier then behaves as a summing integrator. Solving the equation, we 
get 


e 0 


T 


J(/Vc + jCc 



(5) 


The effect of the finite transfer impedance is again to introduce an integrating error 
in the system, the time constant being different from that determined by the computing 

Z' 

components, Ri and C. To achieve minimum error, the ratio w should be again as 

Al 

large as possible. 

The D.C. drift error in the integrator system is 

Vi = Z f id = (f p = | £ = id R J 


where T = C R is the integrator time constant. The D.C. drift increases with time. 
For a low drift the integrator time constant should be high for a small value of input 
resistance, /?, which indicates a high feedback capacitance. The highest value 
of capacitance that can be used is however limited by the stability of the overall system. 


Design of amplifier 

The D.C. drift of an uncompensated transistor operational amplifier is of a much 
higher magnitude compared with the tube amplifiers. This is mainly because the 
transistors are inherently temperature sensitive. The quiscent current as well as the 
gain parameters of the transistor ha**e a predominant variation with temperature which 
contributes to the high drift. Yet since the variation in parameters follows a set pattern 
with temperature, it is possible to control and compensate for the zero drift unlike the 
vacuum tubes, where the drift is random. 

A conventional D.C. amplifier even when provided wjth matching components, 
and compensating dements for temperature variations, still falls short of the acceptable 
minimum when provided with gains of the order of 1,000 volts per microamp. A 
chopper amplifier, which essentially provides all the gain in the A.C. channel, is widely 
used in achieving low drift D.C. amplification. But its poor bandwidth capabilities 
preclude its use directly in high gain operational amplifiers. The chopper amplifier 
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is hence used along with wideband D.C. amplifier in a chopper stabilizing circuit 
to overcome the bandwidth limitation, yet using its low drift figures. 

The block diagram of the stabilizing circuit is as shown in Fig. 2. The amplifier 
is made up of a comparatively drift free chopper amplifier, A lt feeding into a conven¬ 
tional D.C. amplifier, A 2 . If the input current drift of the D.C. amplifier is the 

effective drift current referred to the input circuit of the chopper amplifier is 

where Z\ represents the gain of the chopper channel. The D.C. and low frequency 
transfer impedance of the overall amplifier is Z\ Z 2 . The chopper amplifier thus helps 
to reduce the overall drift to its gain times the D.C. amplifier drift. By making ij 
sufficiently small and increasing Z x for the overall transfer impedance, the output drift 
is reduced to a negligible value. The condenser, Ci, is included in the circuit to effec¬ 
tively bypass the chopper amplifier at higher frequencies and limit the gain of the overall 
amplifier to that of the D.C. amplifier alone. This helps in considerably improving the 
frequency response of the system. The individual gains of the chopper amplifier and 
the D.C. amplifier would depend, apart from the drift considerations, by the stability 
margins that would be needed in the overall loop. 




Fig. 2 

Block diagram of stabilizing circuit 

The D.C. amplifier is made up of two differentially cascaded stages feeding into a 
two-stage grounded emitter amplifier (Fig. 3). Sufficient negative feedback is provided 
in the individual stages to maintain repeatability in the amplifiers. Low drift, matched 
silicone transistors working at low collector currents have been used in the differential input 
stage providing a low input drift. The cascading of the differential stages reduces to a 
large extent the drift output at the second stage. The use of an NPN-transistor in the 
third stage prevents interstage loss and helps in achieving a zero output, and a large 
swing of—10 to + 10 volts at the output stage. Condensers, Q and C 3 provide the 
proper shaping of the frequency response at approximately 6 dB. per octave to prevent 
instability and oscillations in the amplifier. 

The chopper amplifier circuit is as shown in Fig. 4. It is made up of an input 
chopper which provides a modulated square pulse of the D.C. signal. The modulated 
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Fig. 3 

Details of stabilizing circuit 


pulses are amplified in a three-stage A.C. amplifier which is itself direct coupled to 
provide a sharp pulse at the output. The amplifier provides a net phase reversal. The 
amplified pulses are synchronously rectified at the output chopper, smoothed in the 
R-C network and fed through an emitter follower circuit to the succeeding D.C. ampli¬ 
fier. The input chopper as well as the output chopper are both switching transistors, 
driven synchronously by pulses from a built in multivibrator at a frequency of 3 kilo¬ 
cycles per sec. The output chopper is in anti-phase with the input chopper and with 
the phase reversal of the A.C. amplifier, provides an in-phase amplified D.C. signal at 
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the output. A high frequency of 3,000 cycles per sec. was chosen to attain 
good smoothing in the R-C network. High frequency transistors were preferred to 
prevent widening of the chopping transients in the amplifier. The chopper amplifier 
is however not entirely drift-free because of the temperature variations in the switching 
characteristics of the input chopper transistor. The overall drift is however less than 
1 millivolt at the output. 

i 

The D.C. amplifier and the chopper amplifier are compact units (vide Figs. 5 and 6) 
mounted on individual printed circuit boards in rugged aluminium brackets. These 
can be individually plugged into 15-pin printed circuit connectors. Suitable check 
points of the amplifier are brought out in both the pads into small 8-pin monitoring 
connectors fixed on the printed circuit pad to facilitate easy checking. 
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The amplifier provides an overall opendoop D.C. gain greater than 1,000 volts 
per microamp. and with a feedback impedance of 100 K has a summing accuracy greater 
than 0.01% for up to three inputs. The amplifier has an output voltage swing of — 10 
to + 10 volts and an output drift of the order of 1 millivolt per hr. for a 10°C. change 
in temperature. 

Conclusions 

Design of a transistorized D.C. operational amplifier presents many difficulties, the 
chief among them being the D.C. drift due to temperature variations. This practical 
design shows that it is still possible to build a transistorized operational amplifier 
comparable with its vacuum tube counterpart. 
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Summary 

This paper describes a method for the solution to third order linear 
differential equations with only one operational amplifier , three capacitors and 
four resistors by the techniques of operational simulation. Four circuits along 
with the design formulae and the conditions for their physical realizability 
are also presented. 

Introduction 

A previous paper 1 on this topic discussed the simulation of third order linear 
systems with one operational amplifier, three capacitors and five resistors. On re¬ 
examination of the problem, it is found that such systems can be simulated with the same 
basic network but employing a fewer number of resistors. Four such networks, each 
consisting of one operational amplifier, three capacitors, four resistors and capable of 
simulating systems described by third order linear differential equations, are presented 
in this paper. 

Solution of third order differential equation 

A third order linear differential equation 

d*e 0 d^e 0 de 0 . _ # ✓ v /i\ 

03 '^a 4" fl a 4" ^1 4" e<> b 0 e\\t) (1) 

can be put after Laplace transformation in the operational form 

E 0 {s) __ _ _ b 0 _ ,y\ 

El (s) £73 5 8 + a 2 S 2 4“ s 4" t 

provided the initial conditions on e<, and its derivatives are zero. 

Now the solution to equation (1) in the differential analyzer set-up would require 
at least five operational amplifiers, three capacitors and eleven resistors, whereas its 
solution in the operational set-up, «.e., the simulation of equation (2), would require only 
one operational amplifier, three capacitors and four resistors. 

The technique of operational simulation vis-a-vis that of differential analyzer 
solution has certain advantages and disadvantages. Since it employs fewer computing 
components, the simulator (i) effectively increases the capacity of small or overloaded 
computing installations, (ii) is compact, i.e., it weighs less and occupies less volume, 
(iii) has greater reliability, better precision and accuracy, and (iv) is less expensive. 

* Presented at the First Conference of Automation and Computation Scientists of India, Sindri, 
February 22-24, 1963. 
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Some of the disadvantages of the method are : 

(i) Initial conditions cannot be easily introduced; and 

(ii) Parameters, e.g., the as in equation (1), cannot be easily varied. 

Hence, if the nature of the problem is such that the parameters are known and fixed, 
i.e., they are not required to be varied during the problem solution, and if the system 
to be simulated is initially in a quiescent state, the technique of operational simulation 
has much to recommend itself. 

A network for the simulation of third order systems is shown in Fig. 1 and its 
transfer function is given by 2 

E 0 .. ....|/iJ/3 y 5_ 

Ei ~~ y« (yi +1/2 + ys) &3 + «/4 + i/s + yi) + y* y* (f /4 + y*> +y?) + y* y? 

(yi + !/j + t/3 + y*) + 1/31/51/8 0) 

Three circuits, each capable of simulating the system of equation (2), where 03 , 
a 2 , ai and b 0 are positive real constants, with the network of Fig. 1 and consisting of 
three capacitors and five resistors was presented elsewhere . 1 



Fig. 1 

Network for simulation of third order systems 

An examination of equation (3) shows that the system of equation (2) can be 
simulated with a minimum of seven elements instead of eight as shown in Fig. 1. A 
circuit consisting of seven elements is obtained when any one of the four admittances, 
i/a* !/i» y? or yg* is removed and the resulting circuit can simulate the system of equation 
( 2 ) if the admittances (y’s) are suitably chosen such that three of the appropriate y s are 
capacitors and the remaining four are resistors. 

The manner in which the design equations and the conditions of physical reali¬ 
zability for these circuits can be obtained is similar to that discussed earlier elsewhere 1 
and, thdnpfore these are not discussed in detail here. The circuits, each employing 
three capacitors and four resistors, are shown in Fig. 2 and their design'formulae and 
the physical||salizability conditions are given below. 
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Fig. 2 

Networks for simulation of & --- A- 

£1 a s S 3 + a a 5 , + o l S+ I 


Case 1 : For y 2 = 0 


i /4 5 Q, i/g S Cj, — 5 Cj 

I , 

i/i = i/s - i/s = ^ and y, 


«/? 


4„ = 


*■ _ (— 2 ^) T, + (f +- 1 ) T, 

w-.r.r.+ (*-« + ! )r.r. 


i 2 ^4 ^ ^8 


where 


0 ) 

( 2 ) 

(3) 

(4) 

(5) 


T n — RC„ 

(1 + 2 4J (I + 4 4„) 7? - 2 ai (1+ 4 4.) 7V + 4 fl2 0 + 3 4,) r 8 - 

8a 2 0 +34,)-0 (6) 


under condition 


r = 2 a,-Q+24.) r 8 

' 20 +34„)~ 


°i > f t 0 + 24,) 


(7) 

( 8 ) 
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For the design of the network, the component values are required to be determined. 
The proper procedure for design would be to first check and see if the condition of 
equation (8) is satisfied, which signifies that the circuit of Fig. 2(a) is physically 
realizable. The next step then would be to solve 3 the cubic of equation (6) for T s . The 
substitution of positive real Tg in equation (7) gives the corresponding positive real T % ; 
the values of a and T 4 can be obtained directly from equations (1) and (4) respectively. 
Having thus determined a, T 4 , T 6 and T s> and choosing arbitrarily a convenient value 
for any one of the capacitors, the values for the remaining components may be 
obtained with the help of equation (5). Following the same procedure as given 
above, the calculations* for the particular cases of y 4 = 0, y 7 = 0 and y 8 = 0 are 
given below. 


Case 2 : For y 4 =■• 0 

t/2 — S C 8 , tj$ — S Cfft I/7 = S Cy 

S/i = y 3 = 1/6 ~ ^ and y 8 = ^ 

b 0 = <* 

x d\ =* (d a + 2) T e + (2 ot + I) T 7 

a 2 =■ 2 a To 4 a T 2 T 1 + (2 a + 1) T e T n 
as = a T 2 Tq T 7 

(2 +3 b 0 ) 2 T e 4 — 2 ai (2 + 3 b 0 ) T fl 3 + {a 2 + a 2 (2 + 3 i 0 )} ^e 2 ( a i <*2 ~ <*3 W 

r. + 01 03 —0 


under conditions 


and, either 


t _ °i (2 + 3io)JT 6 
7 ' (f+ 2t 0 ) 


a, > - 3 4. ’I 

a 2 ! 

C/»—27 y*) < 0! 

A >0 

> #A + &B 


2ai 


3(2 + 3 6 0 ) 


or, 


3Q + ~3bJ > M#X- 


• \_J 3 008 3 ’ n/ 3 co * (3 3 )' 


~ V" 3 C0, (^ + 0 ] 


A > 0 


where 


/ - a, a, (2 + 3 | (2 + 34,) (* a, - a, 4.) + * fe* + a, (2 + 3«]* 
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(2 + 3 bf 


?‘(2 + 3A.) iI«i , + fl.(2 + 3W] 


2 (2 + 3 A„) i [ fll 2 + a2 (2 + 3 A„)] KaiOi-fliW 
£ [ai* + a s (2 + 3 A„)] — £ (a x a 2 — a 3 A„) a t a 3 

A = 4 p 3 + 27 q* 

p = (J+H) “ 4 (2 + 3 A.) 


a J. v 

+ 3a 0 ; 


2+36. 3(2 + 3 fe 0 ) 2 27 ^2 + 3 A, 


Case 3 : For y 7 — 0 


2 V 108 

V/-A] 

l <7 v/27 J ' 

) 

i /2 = 5 C 2 , y t — S C t , y e — S C 6 

yi = y 3 = J /5 - £ and j/s -- 

A„ = a 

a x = (3 a + 2) Fg 
a 2 = 2 a r 8 7, + (2 « + 1) T t T t 
a 3 — a 7*2 7*4 7 ’b 


T_?1_ 

* 8 — 2 + 3 An 


a,± 7 


a 2 2 — 8 ai a 3 ^ 
1 / 1 + 2 An 


(1 + 2 A„) 
(2 + 3 A.) 




under condition 


Case 4 : For y 3 — 0 




y« = 5 C it y t — SsC 4 , y, = 5 C e 

Vi = tfs = Vs = £ and y, -» 
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fli = i ^2 + i (3 * + 2) T e 
^ i (2 a + i) t 2 r fl + a r 4 r 6 
a 3 = i a r 2 r 4 7" fl 

(1 + 4i 0 )7y>- 2 a, (I -Mi 0 )77 + 4a 2 (l + 3 i 0 ) 7* 2 - 8 a 3 (1 + 3 6 0 ) = 0 

T — 2 Qi — 7*2 
7 G 2 (1 + 3 i 0 ) 

under the condition 




> 


03 
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CORRIGENDA 

TO VOL 44, NO. 9, PT. ET 3, MAY 1964 

Page 132, equation (19), instead of *G(s) = 1, please read’ | G(s) 1=1; page 133, 
line 6, instead of *K\ please read 7C/; page 134, line 5, instead of ‘polynomical’, please 
read ‘polynomial*; page 134, line 10, instead of‘s = 8*, please read ‘s = — 8/; and page 
135, line 28, instead of *69*, pl«iase read *79*. 
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Summary 

In this paper , a circuit is developed for providing reliable and 
accurate time delay in a transistorized definite time-lag relay , in which the 
principle of charging of a capacitor from a constant current source instead of 
from the conventional fixed voltage source has been utilized . 

1. Introduction 

The charging of a capacitor 1 * 2 ' 8 or, the growth or the decay of current in an 
inductive circuit are well known methods of providing time delays in electrical circuits. 
It is also known that a time-lag relay based on such principles has several distinct compo¬ 
nents, viz., an accumte timing element, a level detector and switching circuits which 
operate when the voltage across the capacitor or the inductor reaches a pre-set level. 

1.1. Voltage vs. current energization 

The emphasis is laid on the ‘accurate timing element* because when a condenser 
in series with a resistor is charged from a voltage source, the charging characteristic is 
nonlinear and for reliable operation, the work should be carried out on the approximately 
linear part of the charging characteristic curve near the starting point. Now 

V L = ~^idt (I) 

where Vi is the level detector voltage, i the constant charging current and C the capa¬ 
citance. 

In the case of voltage energization, the charging voltage, V, should be much higher 
than the level detector voltage, Vi, for successful operation. Alternatively, if a cons¬ 
tant current charging is used, the voltage across the capacitor varies linearly with time 
for a given constant charging current, i, and Q = 1 1 = C Vi. Therefore, 



2# Practical circuit 

Fig. 1(0 shows a circuit in which a change-over contact is used for the initiation. 
Here, the charging and the resetting time constants are dependent on C R and 
C r respectively. Fig. 1(ii) shows a possible way of using the circuit of Fig. 1(i). In 
this circuit, the transistor, T*, is working as a grounded base configuration and acts as a 

* Written dstcoauoci tm tins paper will be received until March 31,1981 
Thk paper wm remised on Judy 99, 1964, 




92 


THE INSTITUTION OF ENGINEERS (INDIA) 


constant charging source for capacitor, C. The voltage across capacitor C changes 
linearly with time from an initial value to the base potential of Ti and the time setting 
can be very easily changed in two ways, viz., either by changing the magnitude of 
charging current, or by altering the initial voltage across the capacitor. Thus, the 
resistance, r 4 , may be used to obtain a time-scale multiplier. If it is assumed that the 
transistor emitter base voltage drop is small (300 millivolts for OC72), then 

, _ v a - v h 
1 u 

where v a is the potential rail to which r 4 is connected, v, the base potential, and 4 the 
charging current 



CHaMC OVCR CONTACT 



-wiw- 


n 

1 

! 7 ... . 

T *; 


) 


< 

If* 





[j 

♦ti 

ft, 


1 

1 



Cti) 

Traniiitor timing dement 


(0 

Timing circuit 

Rg.l 

Practical circuitt (or tuna-kg relay 


Alto, from Fig. 1(ii), we get 


* ri + r, + r a 

where t) c is the capacitor voltage and 4 the divider current. 


(4) 


Now, if the level detector operates when the capacitor voltage equals v c and if 
« aa I (approximately), we get , 

1 -a _ fas t>«) _ C (r t Pq) ^ /c\ 

4 (v< — vt) 4 1 ' 

where is the initial capacitor voltage and t the time delay. From Fig. l(i), it can be 
seen that the collector current can be varied by changing r, and the divider current can 
be varied by changing die potentiometer, r,. Also, by increasing r, to a reasonably 
gnat extent, the quiscent power drain of the relay an be reduced. Hie capacitor 
dieeharges through die divider resistors and the resetting time varies with die position 
cl ft. In the circuit, ft is added in series with the potentiometer to prevent the short- 
circuiting of the capacitor C, while resetting. The resistance, r, U added to prevent 
inadvertent operation of the relay while r, is varied. In practice, ft and r, an much 
' WWfcrthnnrg. 
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Since the collector circuit of Ti is normally open, the time delay is linearly related 
to the potentiometer setting. Moreover, as the relay is initiated by the closing opera** 
tion of a normally open contact, the deterioration of the contact is unlikely to cause 
wrong operation. 

2.1. Design of timing element 

(i) The maximum emitter and the collector current depends on the type of the 

transistors used and for OC72 they are of the order of 125 milliamp.; 

(ii) The voltages, v e and v a , are usually between 10 and 20 volts, for medium 

power transistors like OC72 or OC76; 

(iii) The capacitances used should be of electrolytic type for having a higher 

time delay and tantalum type capacitors will have to be used for a 

reliable performance ; 

(iv) The charging current used is dependent on two factors : 

(a) f*i > > Ico* i.e., the leakage current at the maximum working 

temperature (1# is less than 80 microamp. at 55°C. for 
OC72); and 

(b) The current, i*i must not be less than the current needed for 

successful operation of the level detector. This is less than 250 
microamp. for a two-stage switching amplifier. Thus, a minimum 
charging current of 250 microamp. should be used. If such a 
relay is used over a wide range of temperature, the use of silicon 
transistors is preferable in place of germanium transtors. The 
magnitued of the resistances, r x and r f , depends on the battery 
drainage and the resetting time constant; 

(v) The maximum time delay is limited by the minimum permissible char¬ 

ging current (approximately 250 microamp. for OG72, and about 5 

microamp. for silicon transistors) and the minimum time setting is limi¬ 
ted by the consideration of stability of the circuit; and . * 

(vi) The time setting multiplier cah be obtained eitherchanging the 

capacitance, C, or by varying r^, i.e., by changing the charging current. 

22. Level detector 

Fig. 2 shows the level detected tod the timing element. The latter essential 
consists of a diode, Di, and a two-stage switching amplifier, T* and T*. Under 
qusscent condition, die transistor, T t , fir* 4uBy bottomed and the potentiometer network 
involving r 4 , r 7 and r® is so arranged that-the base ofT®is positive withr inspect toTts 
emitter and T* is under cut-off condition. N&rmally, the diode, D u is aft since 
A is at a lower potential with respect to the bate of T*« /When die change-over contact 
ts dnown from position 1 to position 2, the. capacito^C, . rt a rta, dunging end die 
patent^ of A atari* becoming mem po«tive»dxi whfp&wmore powtiye with respect 
to At fand die tmnwfeMr, T t , the diode, D lt conduct* and die resulting ament 
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reduces the base emitter forward current of T 2 . Then T 2 stops conducting which 
in effect switches T* to the bottoming condition, thereby operating the relay, R. 



Fig. 2 

Timing and level detector element 


2.3. Design of level detector 

The use of the transistor, T 3 , is dependent on the power needed to operate the 
relay, R. Since the transistor, T 8 , is used either in the flilly on or in the fully off condi¬ 
tion, an intermediate power transistor (OC72 or OC76) is suitable for driving a telephone- 
type relay of about 200 ohm impedance. A diode, D 2 , is used to protect the transistor 
from the inductive kick when the relay resets. The basic considerations for the design 
are: 


(i) The maximum collector current in T 2 should be much greater than /*, 

the leakage current, at an ambient temperature of at least 40°C.; 

(ii) The sensitivity increases but the stability decreases with an increase in 

the values of r 6 and - 8 ; and 

r 7 

(iii) For a given value of r c , the value of r 5 can be calculated from the basic 

relationship: 


& 




+ it 


( 6 ) 


where is the minimum grounded emitter current gain for T, and 4 the addi¬ 
tional base bias current necessary to stabilize the circuit against the tolerances in the 
resistors. The switching amplifier circuit is designed for 10% tolerances in the resis¬ 
tors and for a current gain of about 45. . 

It is. however, necessary to note that if A is connected to the common rail, the 
diode, Dt, shunts the base emitter circuit of T, and the resulting reduction in current 
in T,aw cause wrong operation of the relay. Hence, a fixed resistor, r* is connected 
in aerial with the potentiometer r, for the prevention of accidental co nne ct ion of the 
xiu. 
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3* Steady bias voltage 

The British Standard Specification, B.S. 142 : 1953 states that th^relay should work 
satisfactorily for a variation of supply voltage from 70 to 110% of the rated voltage. 
Two methods of obtaining stabilized voltage supply are possible : 

(i) Using a diode chain ; and 

(ii) Using zener diode utilizing the reverse breakdown characteristic. 

In Fig. 3, a method of obtaining the stabilized voltage supply by using zener diodes 
is shown. Although owing to their non-availability in India, they have not been used 
in the prototype scheme. 



4. Effect of temperature variation 

With the increase of temperature, the collector leakage current also increases (/«* 
is nearly equal to 80 to 100 microamp. for OC72 at 55°C.), hence the minimum charging 
current should be well above this value for satisfactory operation with the varying 
temperature. The current gain is not seriously dependent on the temperature varia¬ 
tion. The level detector is designed suitably for successful operation up to about 
50°C. and the input current needed is less than 250 microamp. 

5. Component tolerances 

(i) The manufacturing spread in a is from 0.95 to 0.99 and this should not 

cause any troble ; and 

(ii) The manufacturing spread in the electrolytic condenser and the carbon 

resistors may be taken as of the order of db 10 to ± 20 %. Since the 
time setting is linearly related to the capacitance, C, the calibration of 
r 8 and r 4 is needed for a few settings only. The level detector circuit 
is designed such that the input current needed is always less than 250 
microamp. By a judicious design of the circuit, it is possible to use 
10 % tolerance in resistors. 

i Test results 

The time-lag relay based on the considerations discussed above has been built 
fcftlS ii# n0txXory roeuh*. Fi$< 4 *How* linw tfe# of v#mtjon of the 
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time delay with the change in the value of K r t , where K r a is the resistance measured 
from the zero voltage bus. The linear variation is also obtained when r t is varied as 
shown in Fig. 5. Hence, either of the potentiometers, r% and r«, can be calibrated in 
terms of the time delay of the relay. As is obvious the maximum time depends on 
the minimum initial voltage, v 0 , and upon the minimum charging current of Tj. 




Carrs of op er a t in g time vt. Kr t Curve of operating time ot. r 4 



Fi*. 6 

Corvee of eperatiat time 
ci. te mp e ratur e 


Fig. 6 shows the effect of variation of time delay between 20° and 40°C. for 
different nominal values of time delay. For this test, ri was made variable since 
the change in temperature will correspondingly change the leakage current, /», 
and hence the operating time way of the relay. For higher nominal values of 
time delay, die operating time shows a slight dropping of the characteristic curve 
at a temperature of 40°C. owing to the fact that the leakage current increases, resulting 
in an increase of the charging current Hence, this relay will perform much more 
satisfactorily if the charging current is made considerably higher, «\e„ the operating 
time delay is lower. 

The resetting time of the relay depends on a variety of factors: (i) a little time 
Matt » w twd w pe d by the diode, D* shunting the relay coil; (ii) a small rime elapses 
jb* dWb Pi, peases to conduct and this happens when the potential pfAhas 
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fallen to about 400 millivolts negative with respect to the common rail; (iii) the time 
interval before the capacitor has completely recovered and become able to measure 
accurately on any successive current energization (this recovery time is about three times 
the discharging time constant of the capacitor C) ; and (iv) on the resetting time of the 
relay, R. The actual resetting time which is the sum of all these time delays was never 
higher than 100 millisec. 

7. Advantages 

The transistorized relay described in this paper has the following points in its favour : 

(i) Owing to the fact that the capacitor, C, is being charged from a constant 

current source, the voltage developed across the capacitor varies linearly 
with time which is a better method of achieving accurate timing control 
than that of using voltage energization ; 1,8 * 8 

(ii) By using zener diodes for bias voltage stabilization as shown in Fig. 3, 

the effect of supply voltage variation will be negligible; 

(iii) The time delay is not affected by the variation of temperature from 20° 

to 40°C.; 

(iv) There are two methods of obtaining different time delay in the relay, 

viz., by controlling the charging current or by controlling the initial 
voltage, v Q , across the capacitor. The maximum time delay will 
depend on the minimum charging current used, i.e., on the type of the 
transistors used and also on the type of the relay used; 

(v) Since the time setting is linearly related to C, r% and r 4 , the circuit of 

Fig. 2 is very simple to design for the spread-in components and cali¬ 
bration is necessary for a few settings only; 

(vi) The resetting time is small; and 

(vii) The miniaturization and encapsulation of the transistorized relay 

is possible. 

8, Conclusions 

From the investigation, it is clear that the time-lag relay based on the transistor 
technique is practically feasible. Accurate time settings from 50 millisec. to about 
10 sec. can be obtained using the normal component tolerances (for resistors, 10% and 
for capacitors, 20%). This circuit enables independent adjustment of the resetting time 
and die time delay is not susceptible to change due to a deterioration of the change¬ 
over contact 
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Summary 

In this paper , the theoretical and experimental considerations for the 
construction of a microwave spectrometer are presented . Using Snells law 
and considering multiple reflections inside a dielectric sheet as well as interface 
reflections , the expressions for the transmission and the reflection coefficients 
of dielectrics are derived as functions of the angles of incidence and the thick¬ 
ness of the dielectrics for parallel polarized waves . The transmission and the 
reflection coefficients of perspex and hylam sheets for different angles of inci¬ 
dence the waves are measured with the help of the spectrometer . The 
dickcffm constant of perspex sheet is determined from the experimental 
data of transmission and reflection coefficients . A discussion on the 
sources of error associated with the spectrometer described here and the scope 
for its improvement are also given . 

Introduction 

Several authors 1 * 04 have constructed microwave spectrometers in 1-cm. and 
millimetre range mainly to study the dielectric properties of the materials. The object 
of the present investigations is to construct a microwave spectrometer in the X-band to 
determine mainly the transmission and the reflection coefficients and hence the absorption 
coefficients of dielectric materials in the form of sheets. In this paper, only transmission 
and reflection coefficients are determined. 

For such small wavelengths, it is natural that the size of the spectrometer should be 
fairly large in order to give satisfactory performance. As a preliminary experiment, a 
microwave spectrometer is constructed within the limited available space in the laboratory. 
In order to test the performance characteristics of the spectrometer, the dielectric cons¬ 
tant of perspex was determined from transmission and reflection coefficient 
measurements at two different angles of incidence* It was found that the value of the 
dielectric constant, so obtained, agrees fairly well with the existing value at seme angles 
of incidence. There is, however, a divergence in the vgJue of dielectric constant from 
the correct value at some angles of incidence. 

. ..— —■ * * —- —-ct 

WfKtaa nsniism m Hus paper wu oe receivea ifKp giarpi sw* 

* o&tcr 90, mi. 
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Description of spectrometer 

The experimental set-up of the spectrometer is shown in Figs. 1 and 2. It mainly 
comprises: 

(i) Transmitter: it consists of a reflex klystron (X-band) fed from an elec¬ 

tronically regulated power supply unit, and a square wave modulated 
at 1 kilocycle per sec. The power from the reflex klystron is fed through 
an attenuator to a pyramidal horn having a gain of about 20 dB; and 

(ii) Receiver: it consists of the same type of pyramidal horn, as in the trans¬ 

mitter, connected to a crystal detector unit, the output of which is fed 
to a twin-tee amplifier tuned to 1 kilocycle per sec. The output of the 
amplifier is fed through a crystal bridge detector to a microammeter. 



Fig. 1 

View of experimental 
set-up 


O 



t SQUARE WAVE MODULATOR AND ELECTRONIC 
RC GUCATED POWER &UPW-T WT 

3 KLYSTRON FEED 

» VARIABLE ATTENUATOR 

4 PYRAMIDAL HORN 


5 sample 

6 pyramioal morn 

7 CRYSTAL OCTfcCTOR 
a DETECTOR AMPLIFIER 
9 EXTERNAL METER 


Fig. 2 

Block diagram of experimental set-up 

v 

The transmitter and the receiver units are mounted independently on two separate 
adjustable trolleys which can be rotated through 360° on circular rails mounted on a 
wooden platform. The angular position of the receiver and the transmitter can be 
read from a metallic scale graduated in degrees and mounted on the wooden platform. 
Tbs electronic circuits of the power supply unit, the square wave modulator and the twin- 
fte Amplifier ft? of 9 ^y?$} 0 nal types. Tfj? rww units an akq 
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mounted on rails fixed up on the trolleys so that they can be moved forward and back¬ 
ward radially* The heights of the transmitter and the receiver units are also adjustable. 
The dielectric sheets are fixed on a wooden framework which is fixed at the centre of 
the spectrometer base during the time of measurement. The wooden sample holder has 
also the provision for moving the sample vertically or horizontally with respect to the 
transmitter and the receiver. 


Theoretical considerations 

As the object is mainly to determine the reflection and the transmission coefficients 
of dielectric sheets with the help of the spectrometer, it is considered worthwhile to 
derive the expressions for these coefficients as functions of angles of incidence, 

dielectric constant and thickness of the material. The case of plane, parallel 

—► 

polarized wave incidence on the sheet is considered. In this case, the vector, £, 

H► 

is parallel to the plane of incidence and the vector, //, is parallel to the reflecting surface. 


(0 Reflection coefficient 

. 

Applying the boundary condition, that the tangential component of E is conti¬ 
nuous at the interface, and applying Snell's law, the following relationship for the ratio 
of the reflected electric field intensity, E n to the incident electric field intensity, E tt is 
obtained: 

E? *)i cos 0 i — iQa cos 0 a 
E, 7)! COS 01 + *?s cos 0 a 


' T » " Jo 




ns 




where 0 i is the angle of incidence, 0 a the angle of refraction, „ 

* <*i + i*> 

, to = 2 7r /, / is the frequency, and c it p* and o t are the permiti- 

+ j ^ c i 

vity, permeability and conductivity of medium 1 respectively. Here, medium 1 is the 
free space. Similarly, c t , and o* are the characteristics of medium 2. Here, 
medium 2 is the dielectric sheet. 


\j o* 


The propagation constant, Y* is given by the relationship: 

Y 3=5 *'+iP' —t* ( a + € ) 

which yields 


The velocity of the waves in medium 1 (free space) is 

w i 1 


( 2 ) 

0) 
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The velocity of the waves in medium 2 (dielectric sheet) is 




iTV'+y,* 


Hence, 


which gives 


V 9 sin 0j = V\ sin 0 2 


51-5”®*- /*. It ±V +»* 

V % sin “g v«i V 2 


=7'- 


2 _ sin 2 Ox 

I ±V +VS 8 «r 


where e r = — = relative permittivity. Substituting for cos 0 a , and v) a in equatioi 
€ 1 

( 1 ) and simplifying, we get 

E r _ (M cos 0 ! — P) —jN cos 0 X 
E t ~ (Af cos 0] + P)-jN cosOx 


M =* ArV'l +ys* ± f . 

V 111 2 

N = ^r \/1 +^y,M- <, 

p /j_ 2 _ sin 2 0! 

V 1 ;k\/l + ^a a <r 

Rationalizing and simplifying equation ( 6 ), we get 

{(A^ + APJ^Ox-P^-^NPcosOx 

’ ^ E,~ (W» + iV*)co8*0 1 + / w + 2MPcos0 1 W 

(n) Normalized electric field intensity in medium 2 

A portion of the incident wave is transmitted into the dielectric sheet If th 
electric field intensity in medium 2 is denoted by Et, then by following the same pro 

cedure as above, the normalized field intensity, gf, in medium 2 is given by 

Ej, _ 2 coe Q t _ 

E, (M cos 0J + P)-jN cos 0 X W 

Rationalizing equation (8), we get 

« fi (2 M cos* 01+2 P cos 0J + ;2 N cos* 01 

P ft “ (A#* + AP)oos* 0j. + P + 2M P cos 0, ^ 
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(Hi) Effect of multiple and interface reflections 

The multiple reflections inside the dielectric sheet and the reflections at the in* 
terfaces separating the two media undergone by the incident wave is shown in Fig* 3* 

Notations 

i = thickness of the sample, 
n ss refractive index, 


X© = free space wavelength, 
, 2 nni' 


X© 


= change in phase by passing through the sample a distance d\ 


d’ 


d 


V' z “f 


p = t ]<f> = phase term, and 
— a = coefficient for internal reflection. 

Calculations 

Referring to Fig. 3, the resultant reflection coefficient is obtained as : 

|* = a-ap*|SMl +«V + «V+.) 

and the resultant transmission coefficient as: 

Et 


Ei 


= pP*(1 + «V + «V +.) 


( 10 ) 


(II) 



• *%.* 
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Equations (10) and (11) lead respectively to equations (12) and (13) given by 

Er _ {Q S (I — co s jt) — R S sin x}—j{Q S sin x + P 5 (1 — sin x)} 

Ei [S* — {(Q 2 — A 2 ) cos x + 2 Q R sin x}] — ;{(Q 2 — P 2 ) sin x — 2 Q R cos x} 

02 ) 

where 

Q — (M® + AP) cos 2 0 X — P 2 

/? = 2 NPcos 0 1 
x ~ 2<f> 

S — (AP + N 2 ) cos 2 + P 2 + 2 MP cos 0x 

and 

E j(P a -tP) cos |-2Pl/ sin J j + j j(P 2 - U 2 ) sin * + 2Pf/cos;i} 
£/ = [S»- {(Q 2 - P 2 ) cos x + 2 Q P sin x}] -;{(Q 2 - P 2 ) sinx-2 QPcosltf 

(13) 

where 

T = (2 M cos 2 Qi + 2 P cos SJ 
U — 2 N cos 2 0 X 

Rationalizing equations (12) and (13) respectively and taking only the amplitude, 
we get 

{[{Q S (1 -cosx)- P5sin4(5 2 -[(Q a -P 2 )cosx + 2 QPsinz]} 
+ {Q S sin x + P 5 (1 - sin x)} {(Q 2 - P 2 ) sin x - 2 Q P cos x }] 2 
+ KQ S (1 — cos x) — P S sin x} {(Q 2 — P*) sin x — 2 Q R cos x) 

- {Q S sin x + P S(1 - sin x)} {S 2 - [(Q 2 - P 2 ) cos x + 2 Q R sin x]}] 2 }* 

Er I__ 

Et 1 {S* — [(Q 2 — P 2 ) cosx + 2 QP sin x ]} 2 + {(Q 2 — P 2 )sinx —2 QPcosx } 8 

(14) 

|[js 2 —KQ*-P 2 ) cos x + 2 Q R sin x] J j(P - U 2 ) cos - - 2 P (/ sin ~ | 

- |(Q* - «*)«n x - 2 Q P cos x J | (P - CP)sin| + 2 P t/cos * 

+ [{(Q* — P*)sinx — 2 QRcoexJ j(P 2 -lP)cos|- 2 Pt/sin| > 

+ ^S* —l(Q* —P*)cosx + 2QPsinx]j- -£[P — LP) sin s[ + 2 P t/cos^j-J " 

[Ey | _ ___ 

\Ei [S' — {(Q*— P 2 ) cos x+ 2 QP sin x}] 2 + {(Q 2 — P 2 ) sin x — 2 Q Pcos x] 2 

(15) 

To verify rite validity of equations (14) and (13), the transmission and the reflection! 
coe ffi c ie nts of perspex sheets were measured and the experimental values substituted 
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in the above two equations, which were then solved to give the dielectric constant of 
perspex. As the equations are complicated, these were solved by numerical methods. 
For two sets of angles of incidence: (i) 20° and 30°; and (ii) 25° and 33°; the dielectric 
constant obtained from equation (14) are 2.5 and 2.3 respectively. It is believed this 
difference may be due to the shortcomings of the spectrometer which needs further 
improvement. The above theory is based on the assumption that the incident wave is 
plane. But, the experimental results on wavefront measurements show that the wave 
is not plane. It is, however, pointed out that the ray theory as given above may be 
improved by making a rigorous approach to the problem with the help of the field 
theory. 

Ejqperizneiital procedures 

Response characteristics of spectrometer 

The response characteristics of the spectrometer obtained by keeping the position 
of the transmitter fixed and observing the readings in the detector for different angular 
positions of the receiving horn is shown in Fig. 4. The object of determining the 
. response characteristics is to find out whether there are any spurious reflections from 
any nearby objects. The determination of the response characteristics was repeated for 
different positions of the transmitter and it was found that the response characteristics 
remain the same as shown in Fig. 5. The determination of the response characteristics 
was also repeated for slightly different heights of the transmitter and the receiver from 
the ground. In this case also, no noticeable change was observed in the response 
characteristics. It is, therefore, concluded that with the sensitivity possessed by the 
spectrometer, the effect of nearby objects on the response characteristics of the spectro¬ 
meter, if there is any, is negligible. The experiment was conducted at a wavelength of 
3.164 cm. The response characteristics are similar to the radiation characteristics of 
die horn observed in the set-up outside the building where all the antenna characte¬ 
ristics are determined. This experiment was performed without placing any sample in 
the spectrometer. 

Standing wave pattern 

In order to test whether there is any standing wave between the transmitter and 
the receiver due to the interaction between the transmitting and the receiving horns, an 
experment was conducted by keeping the position of the transmitting horn fixed and 
changing the position of the receiving horn radially when the two horns are situated 
diametericafly opposite to each other. The characteristic (Fig. 6) shows die absence 
pf any *tpq$n& wave^pattem wheh the sample is not interposed between the trail*- 
netting and the receiving horns. 4 % 

£ * • k * 

In order to te*t whether there is my standing wave created when a t&dettric ample 
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potato* or wmcm *wt* TOv*a»» t«am*»mttc« (.cm) 


wiion cf tccnvti wNiM mov ip i>»ih i<«) 


Standing wave pattern between transmitter Standing wave pattern between transmitter 
and receiver without sample and receiver with sample 


respect to the centre of the spectrometer fixed all throughout the experiment. It is, 
therefore, obvious that this may lead to some error in the experimental results. 

Wavefront error 

It has been assumed in deriving the theory that the wave incident on the sample is 
plane, f.e., the sample is illuminated uniformly by the incident ray. In order to test 
how the intensity of the incident wave is distributed all throughout the surface of the 
sample, the field intensity of the emergent wave from the sample and also the field 
intensity very near to it were scanned with the help of a monopole probe horizontally and 
vertically* The experiment was conducted under two conditions, viz., the transmitting 
horn fitted with and without a metal plate lens. Fig. 8 shows die photograph of the 
lens fitted to the transmitting horn. The results of the experiment, as shown in Figs. 9 
and 10, indicate clearly that the illumination of the sample is not uniform, even though the 
measurements are not very accurate. In the absence of any other better technique, the 
usual probe method of sampling the field was used. 

One of the reasons of such nonuniform illumination is possibly due to the very 
small distance between the horn and die sample. It appears that to achieve a plane wave 
either the size of the spectrometer has to be made prohibitively large or die wavelength 
of xadtatat has to be reduced to a very small value. Neither of these, in the present 
atbalp, was possible with the available facilities. It is, therefore, evident that this wiB 
contribute significantly to die discrepancies in the experimental results. 
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Fig. 8 

View of metal plate lent fitted 
to transmitter horn 



POSITION OP MOftt ten) 


Fig. 9 

Curvet showing amplitude 
of incident wave measured 
by probe 

(probe is moved horizontally 
at centre of sample) 



Fig. 10 

Curves showing amplitude 
of incident wave measured 
by probe 

(proble is moved vertically 
at centre of sample) 


i Diffraction experiment 

In order to determine a finite size of die sample that should he used with the 
spectrometer, so that the diffraction of the incident waive by the edge of the sample 
may net affect the readings of the detector, an experiment was conducted to observe 
detector reading when the transmitter imdAe receiver were fixed for npnnrifflcidsaice 
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and the sample was slowly moved from the centre horizontally and vertically. The 
characteristics (Fig. 11) obtained from this experiment does not lead to any definite 
conclusion as regards the optimum size of the sample. But the experiment, conducted 
as mentioned in the wavefront error experiment, shows that with a sample of size 2 ft,X 
2 i ft., the intensity of the field as noted by the probe decreases sharply from the centre 
to the sides of the sheet in both the horizontal and the vertical directions. 


«*- MTECTOft RCADM4 (/**) II 



t w stance of the centre or the *wtnc 

FROM THE AXIS OF NORM (CM) I 


s 


°s 

h 


if 


Fif. 11 

Diffraction in horizontal 
[and vertical directions 


So, it has been concluded that the effect of diffraction on the detector reading is 
inappreciable when the size of the sample as used in the experiment is 2 ft. X 2J ft. 
But, the characteristics shown in Fig. 11 do not show this to be the case, because, 
if the diffraction from the edge of the sample is negligible, the vertical and the horizontal 
characteristics ought to have exhibited a flat portion and not a peak, at least, up to a cer¬ 
tain portion of the movement of the sample horizontally and vertically. This still 
remains to be explained. 

Reflection and transmission coefficients 

The reflection and the transmission coefficients of hylam sheet (2 ft.x2£ ft.) were 
measured for different thicknesses of the sample at an angle of incidence of 30°. The 
results are given in Fig. 12. In Fig. 12, the variation of the reflection coefficients of hylam 
sheet of different thicknesses when backed by a metal plate is also shown. It is seen 
that the nature of the curves is oscillatory. This is to be expected due to the multiple 
reflections that take {dace inside the material and to the combining of the emergent ray 
with the direct reflected ray from the interface with different amplitudes and phases when 
the thickness of the sample is varied. However, the thickness of the sample was varied by 
putting different sheets together. This may introduce an error in the reflection coeffi¬ 
cient is the medium is not homogeneous due to the unavoidable presence of air in bet¬ 
ween the different sheets, even though an attempt was made to keep the sheets pressed 
tightly by mesits of a wooden frame. The theoretical value of the reflection coefficient 
derived shove was on the assumption that the dielectric sheet is homogeneous. 

Figs* 13 and 14 show the variation of the reflected power (normalized) with 
different thicknesses of hylam sheet for different angles of incidence. The results are 
Hoi 'Age Iwi£w^oiii» as v£mcuMcdi ailxyve» 
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Fig. 12 

Cams of normalized reading vs thickness 
of hylam for 30° angle of incidence 


Fig. 13 

Variation of reflection coefficient with 
thickness of hylam for various angles 
of incidence 



Fig. 14 % 

Variation of reflection coefficient with 
thickness of hylam for various angles 
of incidence 


In older to determine the dielectric constant of the material from the measurement 
of reflection and transmission coefficients, perspex sheets were chosen because of their 
mil kno wn value of dielectric constant. The detector reading on the reflection side at 
measured for perspex sheet of i in. thickness for the angles of incidence of 20°, 25°, 30® 
and 35° are 58, 50,42.5 and 32 microamp. respectively. As the crystal has a square law 
characteristics, die detector reading is directly proportional to the power. Assuming the 
loss-tangent of perspex to be 0.005, as given in the standard tables, the dielectric cons¬ 
tant i$ evaluated with the help of equation (14). For a set of angles of incidence of 20° 
and 30°, die dielectric constat is found to be 15, and for another set of angles of inci¬ 
dence of 2J® and 35®, it is found to be 23. 

The value ti l««lated from the measurement of transmission coefficient formula is 
wty much diderent from the standard value and as such, has not beet reported. It 
as observed into the values obtained from reflection measurements that for one set of 
the value agrees favourably with the standard value of dielectric constant d 
perspex sheet. But the value calculated from another set of angles is different from 
the standard Ytbm, The reason may be cbe to the multiple peaks observed an the 
reflection gjfti 

p «l St) 






RAO & CHATTERJEE: MICROWAVE SPECTROMETER 


109 


Multiple peaks 

The values of reflected powers given above were measured at the angle of reflec¬ 
tion corresponding to the angle of incidence given by Snell’s law. However, it was 
observed that for a particular angle of incidence, very large number of secondary peaks 
are presented on the reflection side. The relative positions and amplitudes of the 
peaks differ for different thicknesses of the material and also for different materials. 
But, on the transmission side, the secondary peaks observed are only relatively few. 
It was also experimentally observed that the number of peaks on the reflection side for 
perspex sheet are more than those for hylam sheet for the same thicknesses and angles of 
incidence. The data in the table gives an analysis of the peaks as observed in the case of 
hylam sheet on the reflection and transmission sides for thicknesses varying from iV in. to 
i in. in steps of is in. It will be observed from the table that there is very little correlation 
between the relative amplitudes and the positions of the peaks. It has not been possible 
to explain such phenomenon of the multiple peaks. It is believed that the appearance of 
the multiple peaks may be due to the effect of the near-field. This phenomenon requires 
further investigation. For the sake of comparison, the reflection coefficients of hylam 
sheet when backed by a metal plate have also been given in the same table. 

Conclusions 

The experimental and theoretical works carried out on this spectrometer leads to 
the conclusion that further work is necessary to improve upon its performance charac¬ 
teristics. There, is scope for work which would enable the elimination of the secondary 
peaks or would enable a theoretical evaluation of the peaks. 
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Data of multiple peaks observed with hylam sheet 
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DESIGN OF ELECTRON OPTICAL SYSTEMS FOR 
COLLIMATORS AND DEFLECTORS* 

C. S. Upadhyay 

Non-member 

Summary 

The theoretical aspects of the design of collimators or deflectors, used in 
cathode-ray tubes, with minimum aberrations is put forward in this paper, 
taking the example of the collimator, which is a device to bring the 
parallel rays to a point focus . First, the condition of focusing a tube of rays 
to a point in a three-dimensional electrostatic field is derived . This condi¬ 
tion is used to obtain the relationship between the focusing properties in a 
given plane, XZ-plane, say, and in a plane at right angles to it, Le., 
YZ-plane, of an electrostatic collimator . This shows that the focal power 
in the YZ-plane (Y-focal power) varies with the angle of inclination, 0, with 
the optical axis, through which the ray is collimated in the XZ-plane . Such 
variation of Y-focal power, termed as transverse aberration, can be elimina¬ 
ted by a potential exponentially decreasing on either side of the axis in a plane. 

In the solution so suggested, the discontinuities in the higher order 
derivatives are also admissible . The evidences from the experiments, per - 
formed in the past, support the theory which is applicable for the deflectors 
also . Such electron optical systems could be realized by applying 
equipotential strips on two simple bounding surfaces by printed circuit tech¬ 
nique !. 

1* Introduction ^ 

The study of higher order errors in the focusing of astigmatic electron beams in a 
three-dimensional electrostatic field was done by a number of authors. 1,8 However, 
in the literature, only the expressions for various aberrations were derived and no 
thorough investigation was done regarding eliminating or even minimizing such aberra¬ 
tions. The straight axis astigmatic electron optical systems are being used for the 
deflectors and the collimators in cathode-ray tubes for general purposes and for 
television receivers. 8 * 4 The minimization of the errors will reduce the dynamic correc¬ 
tion circuitry used in television receivers. In the present theoretical study of straight 
ads electron optical systems, the problem of minimizing the errors is considered in a 
different way, keeping the above practical aspect in view. First, the conditions of 
focusing in a three-dimensional electrostatic field are derived and then the analysis 
of non-uniformity of the focusing properties, called transverse aberrations, due to deflect 
don through various angles is made. A method is suggested for eliminating the 
transverse aberrations and thus designing an astigmatic system with minimum error*. 
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which means that F must be independent of y for identical vanishing of equation (2), 
i.e. t ^ must not depend on y, and @ 

8 F 

Y x i = constant (10) 


which means that F must be independent of x for the vanishing of equation (3), i.e., 
<f> must be independent of x. This set of conditions cannot achieve focusing of 
parallel rays on z axis. 


(ii)Or, 




= constant 


A/> „ t 

\/ 1 + *'* + y 7 * ~ C ° n 


V 


(H) 


which from equation (4) means that F must be independent of z, t.e., <f> must depend 
only on x and y. Hence, the focusing condition arrived at from condition 1 is: 



t.e., F is independent of z and as a consequence : 

r ,*F , SF 

F-x-g^-y = constant 


( 12 ) 

% 

(13) 


It is dear that under these conditions, the Hilbert integral becomes a perfect 
differential. Also, the focusing condition is nothing but the first integral of both equa¬ 
tions (2) and (3) which is the same as Snell's law. 

Condition 2 


If curl P has to be 

zero, we must have 
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In order to satisfy the above condition* two possibilities ma/ be considered. One 
is that each of equations (13) or (14) cancel among each other and the second is that 
each term of equations (13) cancels separately for an electron trajectory which satisfies 
equation (2) or (3). The first possibility is ruled out because on making use of any of 
equations (14) in Euler equations (2) or (3), trivial solutions are obtained. 


Considering the possibility of the vanishing of each term of each component of 

curl P, the same conditions as obtained previously are arrived at and for focusing to take 
place on *~axis, we get 


F — 




V ? _ 

a/ 1 + *' a + y'* 


= constant 


(15) 


This focusing condition is achieved by making <f> independent of z-coordinate. 

The focusing condition given by equation (15) ensures the bringing of a double 
manifold of rays in a plane to a point focus. However, this does not ensure the 
uniformity of focal power in a /-plane, FZ-plane, say, on rays turned through 
various angles. Such uniformity of focal powers is a necessary requirement of a 
deflecting or a collimating system. 


3. Transverse aberrations in straight axis astigmatic electrostatic system 

In order to study the transverse aberrations, the relationship between the focusing 
properties in a given plane, XZ-plane, say, and in a plane at right angles to it, 
YZ-plane, in the case of a collimator with straight axis is derived. The notations are 
shown in Fig. 1. The differential equations governing the path of electrons can be 
written from equations (2) and (3) as : 


i. f vw \ _ 

d*W\ + ?* + »'*/ 


bx 


2 \Ap 


VI +x’* + y' t 


d / vW \ - 
£ Ivi + *'•+»'*/ 


„ s y 


2 V* 


7-VI +*'*+y' 2 


(16) 


(17) 


In order to have colli matron, the focusing condition must be Satisfied, i.c„ equations 
(11) and (12) are to be satisfied. 


For nan-trivial solution, from equations (II) and (16), we get 
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Considering the case of symmetrical field about the plane, * tfae 

y « 0, and denoting the dope of the trajectory at any point by 6 in the plane, y - cons¬ 


tant, we get 


$9 

s-'-sl o + * 


it 

dz 


8 * 

29 


(19) 



Fig. 1 

Explanations ol notation* 


In collimator, the total deflection angle is equal to the initial angle, e* which gives 
Ae design condition for collimator as; 


+ f h A 

JV 


( 20 ) 


It IS assumed that the potential field is such that this design condition is satisfied 
for every possible ray and the consequences for narrow pencil of rays centering on a 
principle ray are now considered. 

X-focui 

In the case of a collimator which is a convergent lens in XZ -plane, the X-focal power 
of narrow pencil of rays on a principle ray at a distance, x„ can be defined as: 

1 80 . 1 

8 «. “ K , 

Under the focusing conditions, because «independent of a, we get 


( 21 ) 


r,~~ \ 


cm 


4m auhica^ts dtttotetfc 00 
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Y-focus 

From equations (11) and (17), (or non-trivial solution, we get 




(23) 


For focusing of beams in the directions of (/-axis, on the principler ays in y 
constant plane, we get 

+ 00 ^ 




dz 


(24) 


where 44 i* the angle which a ray makes with z-axis while getting collimated in the 
directions of y-axis. The F-focal power can be written as : 


1 _ _ _ f \ 

F v ~ Sy 0 “ J \2 V 2<p*/ 


dz 


(25) 


For symmetrical potential field in the plane y — 0, we get 


4 » 


K—JiV 

(26) 

From Laplace equation, we get 


Vxx + 9vy = 0 

(27) 

Using equations (26) and (27), we get 


+ * 


FT~k + \h tdz 

(28) 


Now 


. COS 1 


?x~ * 9« 

2 9 


1 


where ^ denotes the curvature of the path in the plane, y <*= 0. 
In the case of a collimator, ” 0, and hence 


1 


u 


' ‘ ’ R COS 0 2 9 

> Substituting equation (30) in equation (28), we get 


1 


f* 




i 


(K«#eT 


(29) 


(30) 


01 ) 



Its 


WE JNSTHirriON OF ENGINEERS (INDIA) 


Equations (28) and (31) give the variations of F-focal properties with x or 8 and can be 
termed as giving Y(x) aberrations. Both jr and must be constant for all values of 0. 

4* Elimination of transverse aberrations 

In order to eliminate the transverse aberrations, the following relationships must 
be satisfied: 


% xx — ^~ 2 = constant 

2 9 2 9 2 

(32) 

2 9 * 

75 -ma =* o a* constant 

(R cos 0) a 2 9 a 

(33) 

Both these conditions can easily be achieved in the plane, y 
of the type given by 

= 0, by a potential field 

9 — A c—for x > 0 1 

9 == A e 7 * for x < 0 J 

(33) 

Thus, there is discontinuity in <f> all along the z-axis. However, this disconti¬ 
nuity does not make the electron trajectories discontinuous as can be seen by writting 
equation (13) in the form: 


(34) 


Because of the continuous properties of the integral, the expression on the left-hand 
side, /.e., x\ is a continuous function although a discontinuity in exists at z = 0. 


Under the focusing condition given in equation (11), it is seen that * , 2 = Oand 
gs/r y 

=» 0. It is well known that under these conditions, discontinuous solutions of 

Euler equations (2) and (3) are admissible. 7 In these solutions, x, x\ y and y* will 
be defined but the higher derivatives may be discontinuous functions of z. These 
discontinuities occur due to sudden changes in the potentials. 


It is to be emphasized that a collimator given by equations (32) and (33) appears to 
be the only optimum solution. One can arrive at the potential field in the plane, p = 0, 
to get the desired F- and X - foct^lengths and this potential field can then be extrapolated 
on to two simple bounding surfaces/planes, y = ± l/i* These equipotentials may be 
applied on an insulating material like ashlam by printed circuit techniques. 


The evidences in support of this theory is available in the experimental develop¬ 
ment of the deflector plates for a flat cathode-cay tube, 8 It is clear that on (Hitting 
** (dates on top and bottom at an intermediate potential on cheonetahaped deflectors* the 
non-umformity in X- and F-focal powers is minimized considerably. This has been 
aeht&ed by matting fa y, z) independent of z. By the mathematical method as 
wggs^ an shaft pdkt cm h aitived at by properly shaping skrtrodc* 
jo* niintel on ihxuplghou^kf sumras* 
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5. Conclusions 

From the above theory, it is clear that it is possible to design an astigmatic electron 
optical system free from transverse aberrations. It is possible to realise such systems 
by applying equipotentials on simple bounding surfaces by printed circuit techniques. 
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Summary 


A network consisting of one operational amplifier , four capacitors and 
four resistors , and capable of simulating fourth order linear systems having a 
double zero at the origin , is presented in this paper . The design equations 

and the physical realizability conditions of the network are also given . 

• 

Introduction 

An earlier communication 1 on this subject discussed a method for the solution of 
fourth order linear systems with only one operational amplifier and a network consisting 
entirely of resistors and capacitors and presented a circuit for the simulation of systems 
characterized by the transfer function : 


Fi(s) - 


_ hi s _ 

<4 $ 4 + as + a% s 2 + a% s + 1 


The purpose of this paper is to discuss the simulation of another particular type of 
fourth order systems, i.e., systems with double lead and which are represented by a 
transfer function : 

F(s) — <4 $ 4 + <4 s 8 + fla s 2 + $ + 1 ^ 

where as and l *are positive real constants. 


Only one circuit, out of the many circuits possible, is presented and its design 
equations and physical realizability conditions are given below. 

Simulation of systems with double lead 

A network for the simulation of fourth order linear systems is shown in Fig* 1 and 
its transfer function can be shown 1 to be given by 


___ YiY^y, _ _ 

y t y.avw+K.ya 


* H x i tom tiaemim m i frfr p»*f nft V tm f-f wntfl M nw fr *1, MU. 
Thb pofipirt-faH*!) tea Medea/ on Smeary 19,10U. 
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Fig. l 

Network lor simulation of fourth order systems 


It is possible to simulate the system of equation (1) with the network of Fig. 1, 
if the admittances, Y*s, are suitably chosen and furthermore, it should be obvious from 
equation (2) that four of the appropriate admittances would be required to be capacitive. 
Of the various possible circuits, each employing four capacitors and four resistors and 
capable of simulating, under certain conditions, the system represented by equation 
(1), only one circuit with: 

Yi = s ci, Y 9 = s c 8 , y 6 ^sce, Y b = sc a 

y s = y 6 = r 10 =i andF,= ^ (3) 

is presented in this paper. 

On substituting equation (3) in equation (2) and after simplification and comparison 


with equation (1), we get 

^ = T t T a (4) 

a x — T t + T t + (a. + 2) r„ (5) 

<*, = (« + 2 ) T x r g + (2 « + 3) T a T 6 + 2 « r, r, (6) 

a, - (a + 1) 7*, r, r 8 + 3 a T 9 T t r, + 2 « Tr r, T b (7) 

«.-« TxT'T'T, (8) 

where 

T„~Rcn (9) 


Now, the simulation of the system of equation (1) with the network of Fig. 1 is 
possible only if the values of a, T lt T t , T t and T* obtained as the solutions of equations 
(4) through (8) are positive real. 

The solution of equations (4) through (8) gives 

(7*i* — T\ 4- W I7i* — aj 7i* + (a, + 2 bj T x * — (a t i* + os) T x + 

<3a, + V)]=0 (10) 
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* 

It can be shown by a process of reasoning similar to that discussed elsewhere 1 that 
a set of positive real a, 7\, F 8 , F 6 and T % exist, provided that 

4 Ti + m 2 \ > }± > f h T\ + ig mi 

) Ti \ rii 

where 

4 * 4 a 4 - b t * 

4 = 2 a 4 -tf 

IHj * flj J| *" 2 QJ 
Dig == Oj 6g — Us 

= i t 2 — 6 04 

% «= V - 3 at 

and JY is the positive real root of equation ( 10 ). 

The design procedure 8 would be to solve equation (10) and check to see if 
inequality (13) is satisfied ; the fulfilment of which means that the circuit is physically 
realizable. The circuit parameters may then be obtained with the help of equations 
(11), (12), ( 4 )'and ( 8 ). Having thus determined a, 7*8, F 6 and Fg and choosing arbitrarily 
a convenient value for any one of the capacitors, the value of the remaining compo¬ 
nents may then be determined with the help of equation (9). 
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Summary 

This paper describes the design and construction of a transistorized phase 
angle meter for measuring phase angle between two sinusoidal alternating 
voltages of the same frequency; it can also be used for measuring the power 
factor in an A.C. circuit. Though basically designed for use in a single-phase 
circuit , it can be adapted for measuring power factor in a balanced three-phase 
circuit. The advantages of the instrument described in this paper over the con¬ 
ventional electrodynamic and moving iron type power factor meters are: (i) high 
input impedance of voltage circuit; (if) negligible power consumption in test 
circuit: and (fit) good frequency characteristics. 

1. Introduction 

The most commonly used instruments for the measurement of power factor of a 
circuit at power frequency are of cross-coil electrodynamic and moving iron types. 1 * 2,8 
Instruments employing electronic valve circuitry which have a wide frequency range 
have also been developed. 4,6,6 This paper describes the design and construction 
of a transistorized phase angle meter which can be used for the measurement of phase 
angle between two alternating voltages of the same frequency. The same instrument 
can be adapted for the measurement of power factor angle in single-phase and balanced 
three-phase circuits. In this respect, it has definite advantages over the electrodynamic 
and moving iron type instruments which can be designed for use either in a single¬ 
phase or in a three-phase circuit only. The impedance of voltage circuit of the 
instrument described in this paper is very high; as such, it absorbs negligible power 
from the test circuit. Power for operating the moving system of the permanent 

* Written discussion on this paper will be received until July 31,1985. 

This paper was received an August 19,1961 . 
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magnet moving coil type indicating meter is obtained from an auxiliary source, viz,, 
a self-contained 12-volt dry cell which also operates the circuit transistors. While 
electrodynamic and moving iron type power factor meters 6 are basically power frequency 
devices, the transistorized phase angle meter is not affected by frequency variation 
between 30 and 1,000 cycles per sec. The instrument performance is also unaffected by 
wide variations in the magnitudes of current and voltage from their rated values. Phase 
angle meters using electronic valves are comparatively more bulky because of the high 
tension D.C. power source needed for their operation. These instruments contain 
fragile components and hence require considerable precautions during transit and 
handling. The cost of the instruments using electronic valve is quite high. The 
transistorized equipment described in this paper is very light, compact, portable and 
less costly. In this respect, it has advantages over electronic equipment, although its 
frequency range is comparatively limited. 


2* Basic circuit and principle of operation 

The principle of operation of the transistorized instrument is explained from the 
basic circuit shown in Fig. l(i). Two sinusoidal alternating voltages v x and V 2 , are connec¬ 
ted between the base and the emitter of the transistor T, through two high resistances 
Ri and R t , so that either voltage can make the transistor conducting during the period 
of the negative half-cycle. Rectifiers Di and D a prevent short-circuiting between V\ 
and t> 2 ‘ So long as the transistor conducts, the open-circuit voltage between the 
terminals a and b remains at zero if the small emitter-collector drop in the transistor is 
neglected. When the transistor stops conducting, its collector potential attains the 
value (— V), It follows, therefore, that the open-circuit voltage output v 0t across the 
terminals a and b remains at (— V) during the period when both the voltages v x and 
i> a , are simultaneously positive. During the rest of the period in each cycle, the voltage 
v 0t falls to and remains at zero. Thus there will be rectangular block output voltage 
v 0t in each cycle of the alternating voltages, v x and v 2 . It is evident from Figs. 1(ii) 
and (iii) that the block output is maximum when the input voltages are in phase 
and zero when they are 180° degrees out-of-phase. It is also obvious that the 
average value of the output voltage v Q , decreases linearly from its maximum value to 
zero as the phase angle between v% and v% increases from 0° to 180°. Fig. l(iv) 
shows the output voltage o 0 » when v% and v% are in phase. If a permanent magnet 
moving coil type indicating meter M, having a very high resistance is connected across 
a and b, its deflection indicates the average value of ty. In other words, a linearly 
calibrated scale of M gives a measure of the phase angle between the two voltages, 
v% and o* It is to be noted that the maximum value of v 0 is the collector voltage 
(— VX and hence the average value of t> 0 0VtT a complete cycle during die maximum 


output condition is 



which corresponds to the full scale indication in meter M. 


3. Actual circuit for phase angle measurement 

The actual circuit used for the measurement of phase angle between two sinusoidal 
alternating voltages is shown in Fig. 2. Two similar potential transformers t* and t*, 
having mu-metal cores are used to derive the required voltages v% and from the 
test voltages. Rectifiers D* and D*, are used to prevent the positive half-cycles of % 
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and from appearing across the base and the emitter of transistor T. The rectifiers D 5 
and D 6f are used to clip the negative half-cycle of Vi and o* at a convenient pre¬ 
determined value, (— VX to avoid excessive current flow in the base-emitter circuit 
of transistor T. 



It has already been mentioned that if a D.C. meter of very high resistance is 
connected across a and b, it indicates the output voltage, v 0 . This requires a highly 
sensitive micro-ammeter to be connected across the terminals, a and b. However, the 
effective input impedance of a comparatively low impedance indicating meter M, can 
be increased by introducing another transistor T', connected across a and b, as shown 
in Fig. 2. This modification makes it possible to use a comparatively robust 
permanent magnet milli-ammeter M, as the indicating instrument. The switch s lt is 
used to disconnect the collector supply voltage (— VX when the instrument is not in use. 

Initial adjustment of meter deflection 

From Figs. l(i) and (ii), it is seen that the indicating meter M, always gives 
maximum deflection when only one of the input voltages Vi, say, is present. Also, as 


has been already stated, this maximum deflection corresponds to y J which is die 

average value of over a complete cycle of So the calibration of meter M, 
is done in terms of (— y \ for full scale deflection. Since there may be small 


variations of the collector voltage (— VX the meter deflection should be adjusted over 
full scale with only one input voltage, V\, say, immediately before a measurement. 
This adjustment is done with the help of resistance /?*, in series with meter M. r 
Thus* every time, before any measurement is made, die indicating meter deflection 
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should be adjusted over full scale values by operating resistance R c . During such an 
adjustment, only one input voltage v x , say, should operate transistor T, while the 
other input voltage Ug, is cut off from the transistor circuit by switch s 2 (Fig. 2). 

Leading or lagging phase angle 

From Fig. l(iv), it is evident that the average value of the output voltage v Q , is the 
same irrespective of whether one of the input voltages v 2 , say, lags or leads the other 
voltage Vit by a certain angle. Thus, the indicating meter M, normally cannot discrimi¬ 
nate between the lagging or leading phase angle of v 2 with respect to v x . This is deter¬ 
mined as below. 

At first, the magnitude of the phase angle between v x and t> 2 is noted from meter 
deflection. The sign of the phase angle, i.e., whether v 2 lags or leads v x , is then deter¬ 
mined by injecting an auxiliary voltage in series with v 2 . When the auxiliary voltage 
which leads v 2 by a certain angle is gradually increased in magnitude from zero 
by potentiometer P, the meter indication of the angle progressively decreases from 
its previously noted value if v 2 lags v%, whereas the indication increases if v 2 leads 
tfj. As seen from Fig. 2, the leading phase angle of v t with respect of v 2 is obtained by 
the CR ~network across a tertiary winding of the potential transformer t a , which 
normally yields v 2 . The switches s 3 and s 4 , are normally kept open; these 

two switches are closed only during the determination of polarity of phase angle 

between two input voltages. 

4* Circuit for measurement of power factor angle 

(0 Single-phase load 

For the measurement of power factor angle of a single-phase load, the circuit 
shown in Fig. 3 can be used. A low resistance non-inductive shunt S, is connec¬ 
ted in series with the load circuit so that the voltage drop across it is in-phase with and 
proportional in magnitude to load current, ij,. The voltage v x , obtained from the 
secondary of transformer tj, has negligible phase angle error because of the use of 
mu-metal core. The voltage v x , is thus in-phase with and proportional to the load 
supply voltage. It is evident that the indication in meter M, corresponds to the 
phase angle between v x and v 2 , i.e., between the supply voltage and the load current. 
This arrangement can thus be utilized as a power factor meter suitable for use in a 

single-phase circuit. However with this arrangement, the deflection on the scale 

of meter M, range between full scale to mid-scale (i.e., between 0° to 90° of the 
previous calibration) as the power factor angle of the load changes from 0° to 90°. 
Thus only one-half of the scale of meter M, is utilized if the circuit of Fig. 3 is consi¬ 
dered. In the equipment developed by the authors, improvement as shown in Fig. 4 
is made over the circuit of Fig. 3, so that the complete scale calibration of M is utilized 
for the measurement of power factor angle in a single-phase circuit with the pointer 
indicating at the centre of the scale for 0°, and at the extreme left and right sides for 
90° lagging and 90° leading power factor angles respectively. 

From Fig. 1, it is seen that if any one of the two voltages, v 2 , say, is given an angu¬ 
lar phase shift of 90° lagging with respect to its original phase and then connected to 
transistor T, the output voltage Vo is zero when v 2 originally lags Vi by 90°. Under 
tins condition, the average value of v Q increases linearly from zero to maximum as the 
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Fig. 3 

Circuit for measurement of power factor angle of a single-phase load 


phase angle of v 2 changes from 90° lagging through 0° to 90° leading'with respect to i>i. 
Thus the deflection in meter M, can be used to indicate the power factor angle of 
a single-phase load provided voltage v it is made proportional to load current iu in 
magnitude but to lag it by 90° in phase. This has been achieved by the arrangement 
shown in Fig. 4 where a current transformer t 3 , is energized by passing load current ii, 
through its primary thereby yielding the secondary voltage, v 2 . The voltage v 2 , is 
made linear with load current iu by introducing an air gap in the core of t 3 . The 
voltage t>i, is obtained from the load supply voltage by using the potential transformer, 
ti. A separate scale is provided in meter M, for this purpose. This scale graduated 
from 90° lagging through 0° to 90° leading corresponding to zero, centre and full scale 



Fig. 4 

Circuit for measurement d power factor angle of a stagls-pham Wa4 
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deflection respectively of meter M, serves the purpose of measuring the power factor 
angle. The nature of calibration of the graduations of meter M, for use as a phase angle 
meter and a power factor meter is shown in Fig. 5. In both the cases, the same 
graduations are used but separate calibrations are 'provided in either case. For 
measurements in single-phase load circuits, transformers t\ and t 8 are utilized and 
potential transformer t^, has no function. Connections of the primaries of t x 
and t s should be made in the test circuit with proper polarities so that there is no 
reversal of any of the voltages Vi and v 2 , in their secondaries which are permanently 
connected with the transistor and the meter circuits. These polarities are shown 
in Fig. 3 by dots. It is clear that the method of checking up of leading/lagging condi¬ 
tions as necessitated for phase angle measurement becomes redundant. 


FACTOR 



(if) Three-phase load 

The circuit modifications shown in Fig. 6 are introduced for adapting the same 
equipment for the measurement of power factor angle in a balanced three-phase circuit. 
In Fig. 6, potential transformer t a , which is identical to potential transformer t lt is 
utilized. For the measurement in a three-phase circuit, ti and t 2 are in Scott connec¬ 
tion with the three supply lines R, Y, and B of a balanced three-phase system. From 
the vector diagram (Fig. 7) for the circuit shown in Fig. 6, it is evident that voltage Vi 
is proportional to and in-phase with the neutral-to-line voltage of phase R, and v t is 
proportional to the line current of phase R, lagging it by 90°. This results in an 
indication in meter M, which corresponds to the power factor angle of the load 
connected to phase R, the principle of operation remaining exactly the same as in a 
single-phase circuit. The system being balanced, the power factor angle in the other 
phases, Y and B, are the same as that in phase R. 

& Complete circuit diagram 

Fig. 8 shows the complete circuit diagram of the instrument which can be used as: 
(i) a phase angle meter; GO a power factor meter for a single-phase load; and 
(iii) a power factor meter for a balanced three-phase load. 
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+ It THE POWER FACTOR ANGLE 

VECTOR NR IS THE R~ PHASE TO NEUTRAL VOLTAGE 

Fig. 7 

Vector diagram of the circuit in Fig. 6 

Initial adjustment of the meter deflection is essential before any measurement is 
made* For this purpose, the supply source which yields voltage across terminals 1 
and 2, is connected to the transistor circuit, keeping switch s s in the off position. 

For the measurement of phase angle between two sinusoidal voltages, the test 
voltages are connected to the terminals 1-2 and 5-7 of potential transformers ti and t 8 ; 
switch st should be connected to position 1 during this measurement 

For die determination of power factor angle of a single-phase load, terminals 2 
and 3 should be connected together; die supply voltage has to be connected across die 
terminals 1-2, while the load should be connected across terminals 1-4 with switch s* 

9EGpfVl» IR poimoii 4 m 
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Fig. 8 

Complete circuit diagram of the phase angle meter 

T, T' : Transistor 0C71 ; t|, t 2 : Potential transformer ; t a : Current transformer ; M : Micro-ammeter; 

and D x to D 0 : Selenium diodes 

Resistences in kilohm : R — 7 ; R x ■■ 2.5 ; = 2.5 and *= 2 

Potentiometers : P c — 100 megohm ; and P — 50 kilohm 
Capacitance : C = 0.3 microfarad 
Voltages : — V t — 12 volts ; and - * — 2 volts 

The power factor angle of a balanced three-phase load can be measured by connec¬ 
ting terminal 1 of transformer ti to the middle tap terminal 6 of transformer t 2 (Scott 
method) and connecting the three lines of a balanced three-phase supply to terminals 
2, 5 and 7. During this measurement, terminals 2 and 3 are connected together and 
terminals 4, 5 and 7 connected to the three-phase load. The switch s 9 , is to be kept 
in position 2 as in the single-phase power factor measurement. 

6. Calibration and performance tests 

Calibration of the scale of meter M, from zero to full scale for the measurement 
of phase angle between two alternating voltages was made at 50 cycles per sec. by keep¬ 
ing each of the voltages i>i and i> 2 , at 100 volts. The phase shift of one of the voltages 
was effected by a phase shifting device consisting of standard condensers and resistances 
of known values. The meter was tested at different frequencies ranging from 30 to 
1,000 cycles per sec. Variations in the readings were within 2° between these extreme 



132 


THE INSTITUTION OF ENGINEERS (INDIA) 


limits. The meter was also tested for effects of voltage fluctuations at 50 cycles per sec. 
The test voltages were varied between 50 to 110% of the rated value and maximum 
deviation in the meter reading was noted to be within 3°. 

For the measurement of power factor angle of single-phase and three-phase loads 
(balanced), load circuits were built up with standard condensers and resistances of 
known values. 

7. Conclusions 

The most outstanding feature of the transistorized phase angle meter is that it com¬ 
bines in a single equipment the functions of three separate instruments, e.g. t (i) phase 
angle meter for the measurement of phase angle between two separate sources of supply; 
(ii) power factor meter for a single-phase load; and (iii) power factor meter for a 
balanced three-phase load. 

In this sense, it can be claimed to be unique of its kind. The frequency range of 
a transistorized phase angle meter is however lower than the conventional electronic 
phase angle meter, though it is immensely superior to the electrodynamic and moving 
iron type power factor meters by virtue of its greater frequency range and higher input 
impedance. It can be very conveniently used as an inexpensive laboratory instrument 
as a phase angle meter cum power factor meter. 
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Summary 

A new transistorized device is used in party line telephone working 
by which different subscribers can be separately and selectively called unlike 
the party line working in a C. ft system . In this method , the bell of the 
called subscriber only rings during calling and as many as twenty different 
subscribers may be included in the same party using the same pair of lines. 

Introduction 

In manual rural telephone systems, some subscribers usually share a pair of 
telephone lines, A and B, say, as the traffic per subscriber is not heavy. Different 
subscribers are called by sending selective number of rings through A or B wire ; in this 
case a maximum number of six subscribers can be included in one party. A new 
transistorized selective method is described in this paper by means of which as many 
as twenty subscribers can be included in a party and in which it is not necessary to send 
different trains of ringing current. The different subscribers are provided with 
different voltage operated transistorized selectors and D.C. bells ; and these are operated 
by sending definite values of D.C. voltages from the operator. The system is suitable 
for 22-volt C.B. operation and not for magneto systems. 

Theory of selecting device 

With two complementary transistors, P-N-P and N-P-N, a circuit is possible which 
can select a particular range of D.C. voltage just as a band-pass filter can pass only a 
particular band of frequencies. Such a circuit is shown in Fig. 1. 

When both the transistors are non-conducting the output voltage is zero ; also when 
both of them are conducting, the output voltage is zero. If, however, P-N-P transistor 
conducts only and N-P-N transistor remains non-conducting, the output voltage 
becomes positive. Initially both the transistors are kept non-conducting by giving 
a positive bias voltage on the emitter of N-P-N by R% and a negative bias 
voltage on the emitter of P-N-P by /? 8 . If an input voltage is applied with the 
polarities as shown in Fig. 1 having its centre point earthed, the base of N-P-N is given 
some positive voltage and if it exceeds the bias voltage of the emitter, it starts conducting; 
similarly the base of P-N-P is given some negative voltage and when it exceeds 
the bias voltage on its emitter, it also starts to conduct. Now, if the bias voltage on 
P-N-P is less than that on N-P-N, the P-N-P transistor starts conducting at a 
lesser input voltage than the N-P-N transistor. For the input voltage at which P-N-P 
conducts only, an output voltage is obtained. Thus, by applying suitable bias voltages 


* Written discussion on this paper will be received until July 31,1865. 
Thk paper teas received on Match 26, 1964. 
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to the two transistors, output voltages can be obtained at different definite values of 
input voltages only. By havings uch voltage selecting devices at the different way 
stations and by sending different voltages from the control station, the required selection 
can be effected. 



Fig. 1 

A selecting circuit with two complementary transistors 

Operator's cord circuit 

The operator’s cord circuit is provided with additional double-pole single-throw 
switches connected at one end across suitable different tapped points of a resistor as 
shown in Fig. 2. The resistor haying its middle point earthed, is connected across a 
battery. The other ends of the switches are connected to the ring key as shown in 
Fig. 2. When calling any particular subscriber, the operator inserts the calling plug 
into the jack of the required party line and after operating the ring key, presses the 
appropriate switch corresponding to the subscriber number in the party. Thus, the 
required equal positive and negative voltages are connected to the lines of the party and 
the selector unit of the required subscriber only is operated and his bell starts 
ringing. 

Subscriber's apparatus 

The circuit of the selecting unit in the subscriber's set for ringing is shown in 
Fig. 3. A separate D.C bell is provided and it works from the local battery when the 
station is called When the subscriber takes up his receiver, the cradle switch contacts 
disconnect the selector unit from the lines; simultaneously, the telephone set is connec¬ 
ted to the lines and conversation carried out. The selector units at the different 



DAS; PARTY LINE TELEPHONE WORKING USING A NEW DEVICE 
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subscriber sets are given such values of Ri and R % that they are operated by the 
application of different distinct values of D.C. voltages. When any subscriber takes 
up his telephone set for calling, the lines are looped and the calling lamp indicator 
glows at the exchange. With the help of the operator, any subscriber can get 
connection with any other subscriber within his own group. The exchange voltage 
of 22 volts exceeds the operating voltage of any of the subscribers and so when speech 
transmission takes place, there is no possibility of any of the selectors being operated. 

Merits of the system 

The system has the following advantages over the usual party line telephone 
working: 

(i) In each party using the same pair of lines, there may be as many as 

twenty subscribers against the maximum number of six or so in the 
usual system; 

(ii) When any subscriber is called, the bells of the other subscribers are 

not affected ; and hence the uncalled subscribers are not disturbed; 

(iii) Hie subscriber is not required to be sufficiently alert for distinguishing 

the particular type of ring for his call; 

(iv) The operator is not required to send different numbers of ringing 

current and hence he is not required to be very careful when 
calling; and 

(v) As all the bells are not connected across the lines and all of them 

do not ring simultaneously, and also, as the selecting units draw 
either no current or very small currents, the lines are not over¬ 
loaded during calling and a high ringing current is not required 
to be sent. Also, a small D.C. power is necessary during calling. 

Conclusions 

It is true that additional transistor selecting units are required in a system 
and this involves additional cost, but the price of transistors is likely to come down 
and it may not be so: costly to have additional selecting units. As the advantages 
of the system described are many they may be used with advantage in all party line 
telephones working in a C.B. system. 
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Summary 

This paper relates to design and development of infra-red filters to trans¬ 
mit the near end infra-red band and attenuate the visible as well as the far end 
infra-red bands . Filters of this type designed and developed are: (i) plastic films 
of polyvinyl alcohol with two different dyes on glass plates , and (ii) plastic 
films of polyvinyl alcohol with two different dyes laminated between two 
glass plates and are characterized by the transmission band from 0.8 micron 
to 2.8 microns with transmittance percentage from 70 to 80 over the above 
transmission band , and with transmittance percentage from 3 to 10 over the 
attenuation bands . The effect of ‘concentration of dyes 9 and ‘thickness of film 
on transmission characteristics has been studied . The effect of different 
dyes on sharpness of cut-off has been examined . These filters have their 
application in infra-red communication system terminal equipment 

1. Introduction 

The near end and far end infra-red waves can be utilized for communication and 
guidance respectively. The near end infra-red waves were used for the purposes of 
communication during the Second World War mainly as a result of experiments carried 
out in Germany, the U.K. and the U.S.A., much of which is unknown. No systematic 
study on this subject has been made so far in this country. 

Infra-red communications which can be established generally over a distance of 10 
to 20 miles have the following advantages : 

(i) Privacy of communication as a result of narrow band width, lack of side 

lobes and forward scatter as well as easy removal of visible band by 
optical filter; 

(ii) Freedom from interference as a result of narrow band width ; 

(iii) Securing of additional channels over and above radio channels in use; 

(iv) Simplicity and low cost of equipment; and 

(v) Long range capability both for day and night operation. 

To establish reliable infra-red communication systems, it is necessary to make 
intensive studies on terminal equipment and devices like infra-red sources, modulators 
and detectors, infra-red filters of all types, and propagation of infra-red waves. 

* Written discussion on this paper will be received until }uly 31,19SS. 

. ThU paper wot received on March IS, 1965, 
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2. Earlier works on infra-red filters 

Scientists in foreign countries have worked on a variety of infra-red filters for 
different wave bands. 

Banning 1 has worked on the practical methods of making and using multilayer 
filters. This type of filters is prominent for the band between 0.3 to 1.5 microns. 
There are also a few filters of this type in 1.5 microrl range, but most of them are in the 
0.3 to 0.8 micron band. As the constituents required for the preparation of such filters 
are not available and also the range required by the author is different, this type has not 
been considered. 

Blout, et al 2 have described the method of preparing infra-red filters using poly¬ 
vinyl chloride and polyvinylidene chloride. These filters are of the absorption type 
and consist of organic dyes dissolved in plastics. The author of this paper has made 
infra-red transmitting filters by the conversion of the plastic supporting medium itself 
to a light absorbing structure rather than by the additon of extrinsic absorbing substan¬ 
ces. Due to non-availability of the constituents, it has not been possible to try this type 
of filter. 

Further, Blout, et al 4 and also Shenk, et al z have published works on infra-red 
filters. 

3. Present work 

The work presented in this paper relates to the development of near end infra-red 
filters from films of polyvinyl alcohol with different dyes either on glass plates or lami¬ 
nated between two glass plates. Three types of filters have been developed: (i) filters 
in which the plastic itself has been used as the supporting material; (ii) filters in which 
the plastic film has been deposited on a glass plate and baked after it has dried up ; and 
(iii) filters in which a very thin plastic film has been laminated between two glass plates 
of equal dimensions and thickness. 

4. Design considerations 

Infra-red filters are designed to transmit the maximum of infra-red and the 
minimum of usual radiation for a particular system. The infra-red filters evolved and 
discussed in this paper have been designed to be used with a tungsten filament 
lamp source. 

The effectiveness of a filter for the near end infra-red region can be described by 
comparing the transmission of radiation affecting the eye with the transmission of radia¬ 
tion which will actuate the receiver. 3 The effective visual transmission of a filter, T v , 
is given by 

[ yA T\ I\ dX 

7V^J~- (I) 

JvfA/AdX 

where A is the wavelength, vpA the relative luminosity function for the eye, T\ the 
transmission of the filter and t\ the spectral intensity of the source.* 


*When A is used with VJ/ t T / and R, it is to be treated ss a suffix. 




WADHERA: NEAR END INFRA-RED FILTERS FOR I. R. COMMUNICATION SYSTEMS 139 


The effective infra-red transmission T n is given by 

[ Rx Tx IX </a 

T r - J (2) 

Rx lx dX 

Theoretically, the integrals are to be taken from X = 0 to X oc, but actually, the inte¬ 
gration needs only to extend over the limited wavelength range in which the increment 
makes a significant contribution. The values of 7\ /A, RX and Vj^A have been taken 
from another paper. 3 


It will be noted that T r differs for different filters when used with different receivers. 
For a particular receiver, the figure of merit A/, of an infra-red filter can be 


T 

expressed by the ratio J . The merit ratings increase as the transmission curve is 

* V 

moved to longer wavelengths, since the visible transmission decreases at a greater rate 
than the infra-red transmission. 


5. Fabrication technique employed 

The glassware used for the preparation of the solution were first thoroughly cleaned 
with distilled water. A weighed quantity of polyvinyl alcohol was dissolved in a 
measured quantity of distilled water. In order to dissolve the polyvinyl alcohol powder 
completely in water, the above solution was stirred by a mechanical stirrer for about 7 
hours. This solution and a weighed quantity of dye, also dissolved in distilled water, 
were then allowed to stand at rest for one night, so that the air bubbles formed in the 
solution during the process of dissolving may disappear. For one trial, the dye used 
was napthol green B and for the second trial, the dye was calcomine diazo blue B 2 RD. 

Next day a measured quantity of the solution was poured over plates of methyl 
methacrylate sheet and these plates were dried up at room temperature. It took about 
38 hours for the film to dry. Since polyvinyl alcohol is a hygroscopic material, it 
takes a long time for the film to dry. Also, the humidity of the atmosphere was high. 
The dimensions of the film were selected as 7.7 cm. X 4.8 cm. to enable this to be used 
with Perkin Elmers infra-red spectrophotometer no. 221. With this particular spectro¬ 
photometer, only rectangular films of 7.7 cm. X 4.8 cm. size could be used satisfactorily 
for accurate measurements. After the film was dry, it was kept in an oven maintained 
at 100°C. for about 6 hours for baking. Next the films were stripped off from the methyl 
methacrylate sheet plates. It is only with this particular sheet that the films could be 
stripped off. The thickness of the film thus obtained was 0.05 mm. The spectral 
characteristics of this film framed in a cardboard frame are shown in Fig. I. 

For the second trial, glass plates of 7.7 cm. X 4.8 cm. were procured and another 
solution, prepared in the same manner as explained earlier, was poured over the glass 
plates. The same process was adopted for drying and baking the coated glass plates. 
In this case, the baked film could not be stripped off from the glass plate. The thick¬ 
ness of the film was found to be 0.05 mm. The spectral characteristics of these filters 
are shown in Fig. 2. This plastic film, if necessary, can be polished to restore 
its mirror-like finish. 
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Fig. 1 

TnMM«N cum* of self'Supported plastic filter for mot infra-red band 
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For the third trial, a thin film of dyed polyvinyl alcohol solution, obtained as ex¬ 
plained in the first two trials, was laminated between two glass plates of 7.7 cm. X 4.8 
cm. X 0.285 cm. These laminated films were dried and baked in the same way as in 
the previous two cases. In this case, the thickness of the film was very small. The 
spectral characteristics of this type of filter are shown in Fig. 3. 


! 

3 

S 

I 

* 



WAVtliter* Mf MCMHS 


Fig. 3 

Transmission curve of a filter for near infra-red band 


All the three trials were repeated with both the dyes separately many times with 
different concentrations of constituents and different thicknesses of film. 

6. Stability of filters 

The stability of the above types of filter has been found to be good up to 100°C., 
but if heated beyond this, the films get charred. Both the plastic film and the glass 
laminated types of filters are essentially inert at room temperature and in humidity. 
At present, they can be used continually at temperatures up to 100°C. 

The strength of the filters depends upon the relative humidity of the surrounding 
atmosphere. The film is water soluble, but its sensitivity to water can be decreased 
by formaldehyde* chromium components, certain dyestuffs, dibasic acids, and copper, 
zinc and ammonium compounds. These filters are also mechanically strong and hard, 
and can be easily moulded and bounded. These types of filters are effective over the 
wavelength range of 0.8 to 2.6 microns in the near infra-red band. The filters should be 
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as small in volume as possible i.e., very thin and as large in area as possible, for 
cooling. 

7. Transmission characteristics of filters 

The transmission characteristics of the filters were measured with Perkin Elmers 
infra-red spectrophotometer no. 221, under the following conditions: 

(i) The source of light was a Nernst glower ,* 

(ii) The prism used was of sodium chloride ; 

(iii) The range of the spectrophotometer with a sodium chloride prism was 

I to 15 microns ; 

(iv) The speed of the instrument was maintained at 2/4; 

(v) Resolution of the instrument was 927 ; 

(vi) Response was 1,100 ; 

(vii) Gain of the instrument was 2 ; 

(viii) Suppression of the instrument was nil; and 
(ix) The scale was 1:1. 

The characteristics of the filters taken under the above settings are shown in Figs. I, 
2 and 3 for each sample prepared. The effects of : (i) the concentration of the dye ;and 
(ii) the thickness of the film on transmission characteristics have been studied in Figs. 4 
and 5. From a study of Figs. 1 to 5, the following observations can be made : 

(i) From Figs. 1, 2 and 3, it can be said that the spectral characteristics of 

Fig. 3 are more suitable for use in a communication system than those of 
Figs. 1 and 2. The percentage of transmission in the case of unsuppor¬ 
ted and dyed polyvinyl alcohol film (Fig. 1) is higher than that in the 
other two cases (Figs. 2 and 3). That is, if the transmission in the 
case of Fig. 1 is 90%, the transmission in the other two cases will be 
75 to 80%. In the case of unsupported PVA film, there are two points 
at which the percentage transmission decreases and then increases. 
In the other two cases, after the cut-off point is reached at 2.65 microns, 
the percentage transmission does not generally increase up to 15 microns 
which can be scanned with the available spectrophotometer. The 
effects of concentration and thickness of film have been studied with 
reference to a plastic filter of PVA with two different dyes on glass 
plates; 

(ii) The effect of concentration of naphthol green B dye can be seen from 

Fig. 4 while the thickness has remained the same. It is observed that 
with increase in the concentration of the dye, the transmittance per¬ 
centage in the pass band just decreases by a very small amount, but die 
sharpness of the rise and cut-off get improved* In the case of calconune 
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diazo blue B 2 RD, the effect of concentration of the dye is to decrease 
the transmittance percentage and the sharpness of the cut-off also gets 
affected; and 

(iii) The effect of the thickness of the film dyed with naphthol green B (the 
concentration of the dye remaining the same) can be seen from Fig. 5. 
With an increase in the thickness of the film, the transmittance 
percentage in the pass band decreases by a small amount but the 
sharpness of cut-off remains almost the same. Also, with smaller 
thickness, the transmittance does not change beyond the cut-off point. 



Fig. 4 

Transmission curves of filters for near infra-red band 

The effect of increase in the thickness of the film dyed with calcomine diazo blue 
BfRD, is also to decrease the transmittance percentage ; but the decrease in this case is 
much greater than in the previous case. In this case, the cut-off is also affected, as 
can be seen from Fig. 6. 

8. Discussion 

The plastic filters under discussion are directly dyed polyvinyl alcohol films on 
glass plate as well as thin plastic films laminated between two glass plates. The 
advantages of these types of filter are that direct dyes generally have sharper cut-offs. 
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The efficiency of such filters for a particular wavelength cut-off depends upon the shape 
of the absorption characteristic which in turn depends upon the molecular structure of 
the dye used* For satisfactory suppression of side bands, an auxiliary broad band filter 
may be used to eliminate the unwanted wavelengths. In the near infra-red end, it is 



Fig. 5 

Transmission carves of filters for near infra-red band 


difficult to find suitable auxiliary filter for some wavelengths and these may have to be 
made of a crystalline semiconducting material such as germanium or silicon. In some 
cases, the use of auxiliary filter results in an appreciable reduction in peak transmission 
in the composite filter. When the two are used in conjunction, the transmission of the 
combined filter differs considerably. 

Dyes suitable for infra-red filters produce a gradual sloping of the absorption 
characteristics on die long wavelength side. Addition of dyes and filters can be made 
readily, since polyvinyl alcohol has got excellent compatibility characteristics. Dyes 
in plastic filter is necessary because they absorb all the visible band. 

Good setf-fupporting filters of dyed polyvinyl alcohol could be fabricated without 
die addition of a plasticizer, since the film contain 2 to 3% water at 35% relative humidity, 
and water has e plasticizing action. Plastic filters absorb a large percentage of visible 
fi^t and transmit the near infra-red wavelengths satisfactorily. 
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Fig. 6 

Transmits ion curvet of filters for near infra-red band 


9. Conclusions 

From the discussion, the following conclusions can be arrived at: 

(i) Near end infra-red filters suitable for infra-red communication system 

have been developed from : (a) plastic films of polyvinyl alcohol with 
two different dyes on glass plates ; and (b) plastic films of PVA with 
two different dyes laminated between two glass plates. 

The transmission band is from 0.75 to 2.6 microns in the case of naphthol 
green B dye and from 0.65 to 2.65 microns in the case of calcomine 
diazo blue B*RD; 

(ii) The effect of concentration of dyes is to increase or decrease the trans¬ 

mittance percentage depending upon the nature of the dye and its 
concentration. In the case of naphthol green B dye, the higher the 
concentration the better is the cut-off on either side, and the effect on 
the transmittance percentage very little, whereas in the case of calcomine 
diazo blue B|RD, its higher concentration affects the transmittance 
percentage and also the cut-off; 

(iii) Hie effect of thickness of the film is to affect the transmittance percentage 

depending upon the nature of the dye as well as the thickness; and 
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(iv) The effect of different dyes on the sharpness of cut-off is evident in the 
case of naphthol green B, whereas this effect is not much pronounced 
in the case of calcomine diazo blue B 2 RD. This effect may be due 
to the molecular structure of the dye. 

10. Acknowledgments 

The author expresses his grateful thanks to Prof. S. P. Chakravarti, Director, 
Defence Science Laboratory, Delhi, for guiding Him in the work undertaken and for 
his frequent discussion on the various points as well as for giving permission to publish 
the paper. Thanks are also due to Sarvashri Santokh Singh, Officer-in-charge 
(Electronics) and G. J. Chaturvedi for the help in making filters and to Shri V. Krishna 
Murty for assistance in taking measurements. 

11* References 

1. M. Banning. ‘Practical Methods of Making and Using Multilayer Filters 1 . 

Journal of the Optical Society of America , vol. 37, no. 10, October 1947, 
p. 792. 

2. E. R. Blout, W. F. Amon (Jr.), R. C. Shepherd (Jr.), A. Thomas, C. D. West 

and E. H. Land. 'Near Infra-red Transmitting Filters’. Journal of the 
Optical Society of America , vol. 36, no. 8, August 1946, p. 460. 

3. J. H. Shenk, A. S. Hodge, R. J. Morris, E. E. Pickett and W. R. Brode. 

‘Plastic Filters for the Visible and Near Infra-red Regions’. Journal of the 
Optical Society of America, vol, 36, no. 10, October 1946, p. 569. 

4. E. R. Blout, R. S. Corley and P. L. Snow. ‘Infra-red Transmitting Filters—2 : 

For the Region I to 6 Micron’. Journal of the Optical Society of America , 
vol. 40, no. 7, July 1950, p. 415. 

5. W. R. Sorenson and T. W. Campbell. ‘Preparative Methods of Polymer 

Chemistry’. John Wiley Sr Sons , Inc ., 1961. 

6. L. W. Nichols. ‘Optical Filtering’. Proceedings of the Institute of Radio 

Engineers , vol. 47, no. 9, September 1959, p. 1569. 

7. W. Summer. ‘Ultra-violet and Infra-red Engineering*. Sir Isaac Pitman & 

Sons , Ltd., 1962. 





E T 
C E 
T L 
R E 
0 C 
N 0 
I M 
C M 
s u E 
f N N 
° / G 

C / 

A m 
T E 0 
I E I 
0 R V 
N i / 
N S 
G I 
O 
N 


JOURNAL OF 

THE INSTITUTION 

OF 

ENGINEERS (INDIA) 



VOLUME 46 

NUMBER i PART ET I 

SEPTEMBER 1965 


PUBLISHED BY THE INSTITUTION 



8 GOKHALE ROAD CALCUTTA 


Es. 2.50 





Electronic Instruments 

for Technical Institutes and Scientific Laboratories 

Philips manufacture in India a wide range of electronic measuring instruments— 
Multimeters, Oscilloscopes, Electronic Test Instruments, Vacuum Tube Voltmeters 
and Industrial Instruments—to meet the growing needs of industries, technical 
institutes, scientific laboratories and service shops. 

Illustrated here are a few Electronic Test Instruments for technical institutes and 
scientific laboratories : 



I-, 

I Other Philip* Electronic I 

t Instruments for * 

I Technical Institutes and 
j Scientific Laboratories 
I Multimeters j 

I Vacuum Tube I 

j Voltmeters I 

I Oscillators LF/RF j 

I Oscilloscopes I 

J LCR Bridges | 

I Electronic Service j 

I Instruments [ 

I Conductivity 1 

I Bridges, etc. I 

I-1 


These instruments incorporate the famous Philips inter¬ 
national know-how, and conform to rigid standards of 
performance. 

Philips’ qualified electronic engineers arc always available 
for consultation on your particular requirements and 
problems. And Philips’ after-sales service is guaranteed. 



PHILIPS 

^oi/ AcieMit, (W tuduify 


PHILIPS INDIA LIMITED Calcutu 


•Bombay • Madras • New Delhi 


JWTPL 2330 



























THE JOURNAL 

OF 

®hf institution of Snginms (Jndia) 

INDEX 

ELECTRONICS AND TELECOMMUNICATION 
ENGINEERING DIVISION 

VOL. 46, PTS. ET 1 to ET, 2, 1965-66 

P a g e 

Address of Dr. A.K. Chatterjee, Retiring Chairman .. .. 1 

Address of Brig. M.K. Rao, Chairman, Electronics and Telecommuni¬ 
cation Engineering Division .. .. .. .. 55 

Advani, J.G. and Gupta, O.P.: Network Structures for a Special Class of 
Minimum Biquartic P/?-Functions .. .. .. 31 

Advani, J.G., and Kesavan, B.: Synthesis of an A.C. Lead Transfer 

Function for Minimum Sensitivity by Parallel Ladder Procedure .. 39 

Aggarwal, G.K.: One Amplifier Simulation of Third Order Systems .. 6 

Chatterjee, S.K.: Classification of Modes in Electromagnetic Waveguides 13 

Classification of Modes in Electromagentic Waveguides .. .. 13 

Gupta, O.P., and Advani, J.G.: Network Structures for a Special Class of 
Minimum Biquartic PP-Functions ,. .. .. 31 

Harbans Lai, Mehrotra, R.R., and Tyagi, B.K.: Transistor Rectangular 

Pulse Generator .. .. .. .. 49 

Kesavan, B. and Advani, J.G.: Synthesis of an A.C. Lead Transfer 
Function for Minimum Sensitivity by Parallel Ladder Procedure .. 39 

Mehrotra, R.R., Tyagi, B.K., and Harbans Lai: Transistor Rectangular 
Pulse Generator .. .. .. .. 49 

Network Structures for a Special Class of Minimum Biquartic 

PP-Functions .. .. .. .. .. 31 

Nityanandan, B.N.: Wave form Analysis of E.D.A. Solutions and De¬ 
termination of Describing Functions with the Vectrometer.. 60 

One Amplifier Simulation of Third Order Systems .. .. 6 



THE INSTITUTION OF ENGINEERS (INDIA) 


Page 

Synthesis of an A.C. Lead Transfer Function for Minimum Sensitivity 
by Parallel Ladder Procedure .. .. .. . • 39 

Transistor Rectangular Pulse Generator .. .. .. 49 

Tyagi, B.K., Harbans Lai, and Mehrotra, R.R.: Transistor Rectangular 
Pulse Generator .. .. .. .. ., 49 

Waveform Analysis of E.D.A. Solutions and Determination of Describ¬ 
ing Functions with the Vectrometer .. .. .. 60 



THE JOURNAL 

OF 

®ht institution of (gnginem ($ndia) 

SECRETARY & EDITOR ■ B. Seshadri, B.Sc., A.I I.Sc., D.I.C. M.Sc.fEng.), M.l.E. 
TECHNICAL EDITOR : B R. Subramanyam, B.Sc., B E., A.M.I.E. 

The Institution of Engineers (India) as a body accepts no responsibility for the statements 
made by the individual authors . 

The Institution of Engineers (India) subscribes to the Fair Copying Declaration of the 
Royal Society and reprints of any portion of this publication may be made provided that 
reference thereto be quoted. 


Vol. XLVI SEPTEMBER 1965 No. 1, Pt. ET 1 


CONTENTS Page 

ELECTRONICS AND TELECOMMUNICATION ENGINEERING DIVISION 

Report of the Paper Meetings in the Electronics and Telecommunication 
Engineering Division at the Forty-Fifth Annual General Meeting, Lucknow, 
February 19-26,1965 

Address of Dr. A. K. Chatterjee, (M.) Retiring Chairman 1 

1. One Amplifier Simulation of Third Order Systems. G. K. Aggarwal. 

Non-member .. .. .. .. 6 

Z Classification of Modes in Electromagnetic Waveguides. S. K. Chatterjee, 

Non-member .. 13 


Electronics and Telecommunication Engineering Division Board 

The President ( Ex-officio) 

Brig. M. K. Rao (M.) Chairman 
Prof. S. P. Chakravarti (M.) 

Lt.-Col. S. Mishra (M.) (Co-opted) 


Automatic Control Group 
Prof. V. V. Sarwate, Chairman 



THE INSTITUTION OF ENGINEERS (INDIA) 


i 

SIEMENS 


sgJWjf.ii/'Wtfj' 


! 


[ 'rxr>' 


nm. 


;iE W 


tea 


YOU CAN GET 

ALL YOUR ELECTRICAL REQUIREMENTS 
FROM ONE SOURCE 

■ Siemens make a comprehensive range of 
electrical equipment... whose high standards are 
internationally well-known. Whatever your 

needs, Siemens can meet them —whether individual 
units or complete plants. 

■ Siemens engineers are specialists. They are 
thoroughly trained to deal with the special problems 
of particular industries —and to advise on the diverse 
applications of electrical equipment. 

■ Siemens have a wide network of dealers. 

As a result, products reach customers promptly 
in any part of the country 
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REPORT OF THE PAPER MEETINGS IN THE ELECTRONICS AND 
TELECOMMUNICATION ENGINEERING DIVISION AT THE FORTY- 
FIFTH ANNUAL GENERAL MEETING, LUCKNOW, 
FEBRUARY 19-26, 1965 

Dr. A. K. Chatterjee, A.M.I.E.E., M.S., Ph.D., M.I.E., Retiring Chairman, Elec¬ 
tronics and Telecommunication Engineering Division, opened the proceedings by 
delivering the Divisional Address, and also presided over the proceedings.* 

DR. A. K. CHATTERJEE (M.). RETIRING CHAIRMAN, 

ELECTRONICS AND TELECOMMUNICATION ENGINEERING DIVISION 

1 have great pleasure in extending a very cordial welcome to all the members and 
guests who have taken all the trouble to attend the 45th Annual Convention of the 
Institution and, in particular, this Paper Meeting of the Electronics and Telecommuni¬ 
cation Engineering Division. I hope you will be able to gainfully utilize your time in 
discussions and exchange of technical knowledge. I also hope that your stay at this 
beautiful city of Lucknow will be enjoyable. 

It is customary for the Chairman to review the progress in a field of engineering 
related to the Division at the Annual Convention. Last year, in my Address, I 
referred briefly to the progress in ‘control engineering* and some significant develop¬ 
ments, such as adaptive and optimal control systems. It seems worthwhile to look into 
the field of computers, and consider our own problems vis-a-vis computer applications. 

Computing machines, though made as early as the 17th century, have undergone 
fantastic developments only during the last decade and a half. These developments 
have been on two separate lines, differing mainly on the components and principle of 
operation involved. The two broad classifications are thus the analogue and the 
digital computers. The review that follows will mainly be in terms of these two 
broad classifications. However, it must be mentioned that of late the hybrid 
techniques involving both analogue and digital computer principles are finding increased 
applications. 

Progress in analogue computer technology 

Broadly speaking, analogue computer is a device in which the variables are 
analogous to those of the problem to be solved. A simple example of an analogue com¬ 
puting equipment is the common slide rule. In the 1920s, efforts were made to speed 
up the process of more complex mathematics putting the electrons to work and the 
electrical analogue computer was born. Such computers perform a direct simulation 
of a physical system. A good example is the A.C. network analyzer used by the power 
industry for planning the electrical system operation and growth. This direct analogue 
device is less versatile, however, than the mathematical analogue computer in which the 
individual parts are the analogues of the terms in the equations describing the system 
under study. The mathematical analogue computer contains devices that perform 

* The Paper Meetings in the Electronics and Telecommunication Engineering Division commenced at 
2.00 p.m. on February 22,1965. 
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various mathematical operations such as addition, subtraction, multiplication and 
integration. The majority of the analogue computers in use are of this type, and have 
come to be known as ‘differential analyzers’. A mechanical device was first built in 1931 
at the Massachusetts Institute of Technology, U.S.A., by Dr. Vannevar Bush. 

These analogue computers have since been developed and the majority of then 
incorporate electronic devices such as operational amplifiers, etc. The electronic 
differential analyzer has been an extremely useful tool in solving the mathematical 
equations of physical systems. Thus, any complex system whose performance may be 
written down in terms of differential equations could be studied by setting up on a 
computer in the laboratory. A unique and important feature of the simulation of the 
system in the laboratory is the ability to give the operator a physical ‘feel’ for the 
problem being solved, since the computer behaves, in a very real sense, just as the 
dynamic system under investigation. In the area of nonlinear system analysis and 
design, the use of analogue computer became almost indispensable. A large number of 
problems encountered in engineering practice are inherently nonlinear, and analogue 
computers are invaluable aids in the study of such systems. Besides this, the accuracy 
and speed obtainable with analogue computers are sufficient for a wide variety of appli¬ 
cation in simulation and control. 

Apart from the study of complex systems, analogue computers have been used as 
parts of the control loop for mechanization. Examples of such use are radar tracking 
systems of an aircraft, interceptor and fire control. Other examples of the systems in 
operation today which use analogue computers for actuation are intercontinental ballistic 
missiles, training simulation devices of various types such as flight trainers, steel mill 
tandem cold rolling mill controls, economic dispatch computers for the automatic 
control of electrical power systems and many others. These examples of use need a 
special kind of job and hence they are known as special purpose analogue computers to 
distinguish them from the general purpose analogue computer used in the laboratory for 
study of any kind of problem. Although this kind of computer does not have the broad 
programming flexibility of a general purpose computer, this is an advantage rather than 
a limitation. For example, great precision and accuracy can be designed into the special 
purpose computer and the cost can be relatively low since the computer contains only 
those components needed for a given application. During the past decade, the use of 
such special purpose analogue computers in the field of industrial process control has 
increased by leaps and bounds. Petrochemical industries, iron and steel, power and 
many others have used such computers for optimization of process operations. 

Progress in digital computers 

In 1940, the digital computer was bom. This was another electronic approach 
to solve complex mathematical equation, The first ones used relays or vacuum tubes 
to apply the very simple system of recognizing two states of an object; yes or no, true or 
false, 0 or I. This method of recognizing 0 or 1, called the binary system, is the basic 
tool of all digital computers. In the early 1950’s, only a few digital computers were 
built by the universities in the U.S.A. Most of the educational institutions possessing 
a computer initiated computer courses for the faculty and the post-graduate students. 
Jhe proliferation of computer was rapid and during the last decade computers were to 
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be found in almost every sector of economy in technically advanced countries like the 
U.S.A., U.K. and West Germany. 

The digital computer may be defined ‘as a device that does arithmetic/ Actually, 
all a digital computer can do is to add, subtract, multiply and divide, along with such 
other operations as simple decisions, etc. Strictly speaking, it does only one operation 
and that is, just add. The other arithmetic manipulations follow from this basic 
operation. But the power of digital computer lies in carrying out this operation at 
fantastic speeds. Thus, some of the modern computers does the addition operation 
in a few microseconds. The Control Data 6600 system, the fastest computer at present, 
takes only 0.4 microsecond for addition. 

The application of digital computers can be divided into three broad classifications; 
data processing, science and engineering application and lastly real-time control or, as 
sometimes called, on-line control. The electronic data processing or E.D.P., as it is 
usually called, refers to the application of computers for business and commercial 
purposes. The military system market in the U.S.A. has always been a keystone of the 
data processing industry’s technological development. A major trend which has 
occurred in the last decade has been the rapid rise in the development of computer 
services. Establishment of computing centres by the manufacturers of computer 
equipment has resulted in the application of the data processing techniques by many 
smaller firms in their operations using the local E.D.P. service centre. This avoids a 
major investment in a machine installation. 

The Federal Government and the manufacturing sector of the economy in the 
U.S.A. are the largest users of data processing equipment. In this sector, computers 
are utilized in a wide range of standard functional areas such as production planning, 
financial and accounts processing, warehouse and inventory control of research and 
development data analysis and calculations. The transport industry such as railroads, 
installed computers for accounting and financial operations as well as for processing the 
freight traffic and rate calculation. The communications industry, public utilities, 
wholesale and retail trade, the financial institutions such as banks and even service 
organizations like hotels, hospitals and law associations have also used E.D.P. for 
their normal operations. 

In the field of scientific and engineering applications, digital computers have been 
used for a variety of uses, purposes numerous to enumerate. These include the 
calculation involved in plann designing, construction operation and other engineering 
activities. 

Today there is considerable activity in the field of real-time controls or on-line 
computer control. Earlier applications of this technique were in the form of computer- 
assisted numerical machine tool control systems in the manufacturing industry. The 
power industry installed real-time control of load assignment and dispatching. One 
of the most significant computer applications in recent time is in the field of process 
control. Process control system performs one or more of the following functions in the 
operation of a complete process : data reduction, data logging and complete data control. 
If the system performs all the three functions, it is termed a ‘closed loop’ operation. 
More than 50 closed loop systems have been installed in the process industries, primarily 
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for petrochemical applications. The use of the digital computer for process control is 
very recent, and dates back to March 1959, when the first chemical plant was put under 
the direct control computer. By 1963, about 310 process control computers have come 
into existence in various industries as shown 1 in Table 1. 


Table 1 

Data of process control computers in industry 


Industry 

wm 

WBSm 

France 

U.K. 

i 

Japan 

Germany 

Italy 

Other 

countries 

Total 

Power 

61 i 

17 

5 


i 

4 

2 

99 

Chemical 

36 

5 

1 


1 

- 

3 

49 

Steel 

31 

4 

10 


5 

2 

5 

39 

Petrol 

21 

1 

1 


— 

- 

1 

24 

Paper 

IB 

11 

— 


1 

1 

— 

22 

Gas 

7 

— 


If 

1 

— 

1 i 

9 

Cement 

3 

— 

— 

2 

- 


— 

5 

Television 

4 

: 

— 

— 

- 

l 

— 

4 

Miscellaneous 

27 

8 

2 

— 

- 


1 

38 

Total 

208 

36 

i 19 

17 

9 

7 

i 13 

309 

. 


Rapid improvement in digital computer technology has made this class of computers 
faster, more versatile and accurate; and placed the analogue computer to an inferior posi¬ 
tion. But to the system designer, the mathematical model offered by the analogue 
type still remains indispensable. Hybrid computing elements combining both analogue 
and digital techniques are being employed and analogue computers are becoming faster. 
We thus have the operational digital integrators, multipliers and resolvers replacing the 
corresponding conventional components, which not only speed up solutions and increase 
accuracy, but also maintain the direct model of computation. 

Computers and their use in India 

The A.C. network calculator at the Indian Institute of Science, Bangalore, was in¬ 
stalled in 1950, and has since then been the workhorse of power industry in the country. 
The electronic differential analyzer, i.e., the mathematical analogue computer, has 
found its application only in a few organizations in the country, and the total number 
in use at present may not be more than 10. 

The applications of E.D.P. are to be found in TISCO, the Life Insurance Corporation 
of India, Hindustan Steel Ltd., Delhi Cloth Mills Ltd., and a few such organizations. 
The total computer installations which are used for this purpose is expected to be of the 
order of 25 or so in the near future. The scientific and engineering digital computer 
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installations are at the Tata Institute of Fundamental Research, Bombay ; the Delhi 
University; the Indian Institute of Technology, Kanpur; the Guindy Engineering College, 
Madras ; the University of Roorkee; and the Defence Laboratories, Hyderabad. About 
a dozen organizations like the Central Mechanical Engineering Institute, Durgapur, the 
A.I.T.R.A., etc., have placed orders for such computers. 

The above review indicates clearly that our use of these modern tools is rather very 
meagre. The use of these devices is often erroneously related to the standard of living 
and a conclusion is drawn that computers will bring in a new unemployment threat. 
It is, however, undeniable that computers can contribute to increase productivity 
by a marked increase in material wealth. A country like ours requires rapid rise in 
productivity in order to offer a decent standard of living. To this end, automation will 
undoubtedly play an important part and help in bringing the vast production of goods 
that we need in future. The increase in production will naturally create new jobs in the 
distribution of goods, such as transport, shipping, etc., which will compensate for the 
corresponding reduction of employment in industry through automation. Thus, the 
problem is to fully exploit the economic potential available in the country with only a 
few working in the industry, and this calls for good management with the help 
of computers. 

Computers can aid the planner in making a thorough investigation of the various 
alternatives for action at a rapid rate, and it must be admitted that we are guilty of not 
utilizing fully the potentialities of a valuable tool like the computer in the various sec¬ 
tions of our economy. It has been claimed that electronic digital computers are being 
made in China since 1958 and are now serving many branches of their national economy. 
Computers have been used for designing and building more than a dozen huge dams. 
As against these, our present method of approach is outdated and ineffective. That the 
qualitative evaluation of the various alternatives involved in a complex decision in 
matters of vital importance, like food production, requires the use of computers need 
hardly be emphasized. Let us hope that in the years to come, this vital tool for working 
out our Five Year Plans and implementing them will be utilized at all levels and in 
various sectors of our country to raise the standard of living of our people in the quickest 
possible time. 

Reference 

1. D. N. Truscott. ‘Computers in Control of Processes’. Electronics and Power , 
June 1964. 
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ONE AMPLIFIER SIMULATION OF THIRD ORDER SYSTEMS* 

G. K. Aggarwal 

Non-member 

Summary 

This paper gives a set of six tables which are jound to be useful in synthe¬ 
sizing various forms of third order linear transfer functions , using a chain of 
inverted L-sedions of passive resistor-capacitor elements in conjunction with 
a single operational amplifier . The actual procedure for synthesizing such 
transfer functions using this technique is illustrated. 

Introduction 

In his earlier communications, the author has discussed a most general network 
configuration which, in conjunction with a single operational amplifier, can simulate any 
order of linear transfer functions. The network, shown in Fig. 1, consists of a chain of 
inverted L-sections comprising resistor-capacitor combinations and one operational 
amplifier to which this chain of L-sections forms a multi-path input-feed passive 
network. 

An impedance-admittance ( Z-Y ) table, first developed by the author, enables the 
voltage transfer function of this chain of L-sections (and including the operational 
amplifier) to be written straightaway without performing actually the usual nodal or 
star-delta transformation analysis. A thorough treatment of the network has been given 
for a general form of third order linear systems. 1 The design analysis of the network 
has also been performed for simulating ten forms of fourth order linear systems. 2 Also, 
a very generalized treatment of the network for fourth order linear systems has been 
presented. 8 

Contrary to what many authors 4 - 5 have apprehended, the above network has yielded 
itself to a manageable design analysis up to, at least, fourth order linear transfer functions. 

In favour of using this technique for special problems where economy of equipment 
is of paramount importance, it is a suggestion from the author that one would probably 
fear the imperfections of passive circuit elements less than those of the operational 
amplifiers which, if used in larger number, introduce errors at every step owing to their 
departure from the ideal. In all the circuits discussed by the author, the number of 
passive circuit elements has been kept to the minimum. 

The network, shown in Fig. 2, can simulate a large class of third order linear trans¬ 
fer functions, the admittances (Y's) comprising parallel resistor-capacitor combinations, 
in general. The purpose of this paper is to enlist a number of alternative combinations 
of the resistors and the capacitors for the Y's in this network to simulate various forms 
of third order linear transfer functions. In selecting these alternatives, an attempt is 
made to keep the number of circuit elements to the minimum. 

* Presented at the Paper Meeting in the Electronics and Telecommunication Engineering Division at the 
45th Annual Convention at Lucknow, February, 19-26, 1965. 
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Fig. 1 


Network comprising a chain of inverted L-sections 



Fig. 2 

Network for simulating third order linear transfer functions 


Theory 

In Tables 1 to 6, the as and the b's are all real, positive, non-zero constants. The 
range of values of the as and b's for which simulation is possible by choosing any of 
these alternatives is limited by the fact that the resistor-capacitor values have to be all 
real and positive. 


The transfer function, , of the network in Fig. 2, to which Tables 1 to 6 refer, 

e i 

can be shown to be 1 

_ ^XxYiY, _ m 

v, y, y 5 +(y,+y,) (y 8 +y 4 +y s ) Y t +(Yt+Y t +Y 3 ) y* y s +y 3 y 6 (y,+y 6 ) (l) 


The analysis procedure will be to take any possible choice of Y s suited for simulat¬ 
ing the given form of the third order linear transfer function and substitute the chosen 
values of Y s in equation (1). Then we need to determine the values of the resistors and 
the capacitors equating the corresponding terms in equation (1) and in the given transfer 
function. This analysis will also bring out the restrictions on the system constants, i.e., 
the a’s and b's under which that particular alternative can simulate the given form 
of the linear transfer functions. In general, all these constraints are not common to 
all the alternatives so that the overall range of applicability of the network as a whole 
is quite wide. The entire set of alternatives contained in Table 6 has been worked out 
in an earlier communication. 2 A simple example taken from Table 2 is worked out 
here for illustration. 
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Table 1 


F(s) 


a 3 s 3 + a 3 s 2 + Q] s + I 


Resistor 

Capacitor 

Parallel 

resistor-capacitor 

combination 

Zero admittance 

y,. n. y* 

y 4 .y 6 

y 2 

_ 

y,. y„ y 5 

y«. y. 

y« 

— 

y„ y s , y 5 

y 2 . y« 

y 4 



Table 2 


F(s) = 


— f>i s_ 

a 3 s 3 + a t s 2 + ai s + 1 


Resistor 

Capacitor 

Parallel 

resistor-capacitor 

combination 

Zero admittance 

y«. y*. y 5 

y„ y 4 , y« 

_ 


y* n 

n.y* 

y 4 

y 2 

y>. y B 

y„y 4 

y« 

y 2 

Vi.y. 

y a . y 3 

y e 

y 4 

y lt y 4 , n 

y 2 , y 3 , y« 



y,. y 6 

y 3 .y 4 

y. 

y 2 

y lt y 8 

y 3 ,y« 

y 4 

y 2 

yi.y 3 
y lt y 3 , y 6 

y 2 .y 5 
y*. y 4 . y 5 

y 6 

y 4 


Table 3 

= _ 

d 3 S 3 (7g s 3 + flj s -f 1 


Resistor 

Cai>acitor 

Parallel 

resistor-capacitor 

combination 

Zero admittance 

y 2 .y 6 

Y lt y 3 

y* 

y 4 

y 2 . y 4 , y 5 

y„ y„ y 6 



y 2 .y 3 

n.y* 

y« 

y 4 

y 2 ,y 4 

yj.n 

y« 

y 2 

y 2 , y # . y 8 

y». y 4 . y 6 



y 3 ,y. 

yi.y 8 

y 4 

y* 

y 2 , y«. y« 

y«. y 3 . n 



y 3 .y 4 

y 3 .y* 

y 6 

y 2 

yi.y 6 

y 3 .y 5 

y 4 

y* 
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Table 4 

_ h (t>i 5 + 1 ) 

a 3 s 3 + a 2 s 2 + s 4* I 




Parallel 


Resistor 

Gpacitor 

resistor-capacitor 

Zero admittance 



combination 


Y,.Y t 

y 4 

y„ n 

y 2 

Y» Y 6 , Y t , 

y 4 .y« 

y x 


y 3 ,y 6 

y« 

y,.y« 

y 2 

y 3 ,y 6 

y 4 

y„ y« 

y 2 

Y u Y t 

y 2 

y 3 , y« 

y. 

Yi, n 

y. 

y 2 , y s 

y 4 

n. y 4 

y„ y« 

y 3 

i _ 

y„ n 

y* 

Yt. y 8 

y 4 

n.n 

y 4 

y«. y 8 

y 2 

y,. n, y. 

y 4 .y« 

y 3 


n. n 

y 4 

Yt. y« 

y* 

y,. y. 

s y„ 

y 3 . y 4 

y* 

Vi. y 3 

n 

y». y 8 

y 4 

Y.. y. 

y* 

y # . y. 

y 4 

n. y. 

y 2 

y 6 .y 8 

y 4 

Vi, y* y 4 

y>. y« 

y 8 


y, y». y. 

Y t . y 4 

y 8 

— 


Table 5 

p/ \ s(b 2 $ + 1) 

a 3 s 3 + a 2 s 2 + fli s + I 


Resistor 

Gipacitor 

Parallel 

resistor-capacitor 

combination 

Zero admittance 

Yt. Y 2 

Y t . Yt 

Y, 

Y t 

n 

Yt 

Yt.Yt 

Y t .Yt 

y e .y 4 

Yu Y t 

Y 3 

Ys 

y„ n 

Yt.Yt 

Yt 

Yt 

y. 

y, 

Yt. Yt 

Yt.Yt 

y». y 4 

Yt. Y e 

Y t i 

Yt 

Y„ y 9 

Yu Yt 

y. 

Yt 

Yt 

Yt 

Yt. Yt 

Ys.Yt 

y».y 4 

y*. y 8 

Yt 

Y t 

Y lt Y t 

y»,y* 

Yt 

Y t 

y 4 

y* 

Yt. Y t 

Ys. Yt 

Yt.Yt 

Yt. Yt 

Yt 

Ys 

Yu Yt 

Yt. Yt 

Yt 

Ys 

Yt 

Yt 

Yt.Yt 

Ys. Yt 

Yt.Yt 

Yt.Yt 

Yt 

Ys 

Yu Y t 

Yt. Yt 

Yt 

Yt 

y» 

Y b 

Y t .Yt 

Ys.Yt 

YuYt 

Yt. Yt 

Yt 

Ys 





to 


THE INSTITUTION OF ENGINEERS (INDIA) 


Table 6 

a 3 s 3 + a 2 5 2 + aj s + 1 


Resistor 

Capacitors l 

Parallel 

resistor-capacitor 

combination 

Zero admittance 

n.y. 

y 8 

y,. y* 

y* 

y., y. 

y« 

v„ y. 

y 4 

y*. y. 

y 8 

Vi.V, 

y 3 

y..y4 

y 8 

v lf y 8 

y* 

y,. y* 

y 8 

Vi. v. 

y 8 

Vi. n 

y 2 

y». y s 

y« 

Vi.y. 


y 3 . y 5 

v* 

Vx. v« 

y 8 

y*. y 8 

y» 

Vi. n 

y 8 

v*y. 

y 8 


Example 

Consider the transfer function given by 

_ c o ___ _ _ ^1 *__ /y\ 

e t 03 5 8 + a 2 s 2 + a x s + 1 

where b\ and the as are all real, positive and non-zero constants. Let us choose alter¬ 
native 2 (Table 2) since its analysis is quite simple, requiring the solution of only linear 
equations. Thus, we choose 

y,-sc lt y, = 0 , y 8 = y 4 = sc 4 + y 6 = and y. = sc, (3) 

The resulting configuration is shown in Fig. 3. Substituting equation (3) in 
equation (1), we get 

_ «o __ (T t ot 4 ) S _ 

e, (Ti 7*4 T e a 4 a 5 ) S 8 + {(<*4 a s + a 4 + * 5 ) 7*i T$ + T 4 a 4 (T 6 a 6 + Tj)} S 2 4 

{r 6 (a 4 + a,) 4 T 4 a 4 4 T,} S 4 1 (4) 



Fig. 3 

Reeuhant configuration of the network in the example 
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Comparing the coefficients of the various powers of S in equations (4) and (2), 
we get 

k - Ti a 4 (5) 

a 3 = (T'l a 4 ) Ti T* a 5 (6) 

a 2 5=1 K + a 4 + a 5 ) r 6 + r 4 r 6 a 4 a 5 + (7\ a 4 ) r 4 (7) 

= T'e ( a 4 + a s) 4 r 4 a 4 + 7\ (8) 

The a*s and T's have to be determined in terms of the as and b x , and the 
restrictions, if any, on the a* s and b x to be fouud out so that all the a*s and the T’s are real 
and positive. These are the restrictions on the range of applicability of this particular 
choice of resistor-capacitor combination. If some other alternatives were chosen, these 
restrictions would have worked out to be different. 


Since there are five unknowns, viz., T x , T 4 , T e , a 4 and a 5 , and only four equations, 
one of these unknowns, T\, say, may be kept as arbitary to begin with and determine 
the other four unknowns in terms of 7\, the a's and b x . Then, a positive real value of T x 
is to be chosen so that the other four variables are all ensured a real positive character. 


Equation (5) gives the value of a 4 as 



(9) 


Using this value of a 4 and putting a 5 from equation (6) in equation (7), we get 

V T x r 4 T 6 = - V T t 77 + (a 2 b x T x — b x a 3 ) Tt-a, (T x + b x ) T x (10) 

Using this value of a 4 , putting a 5 from equation (6) in equation (8), and multiplying 
with T lt we get 

V t x r 4 r 6 = - v t x 77 + b x (a x - t x ) r 4 77 - a 3 77 (ii) 

From equations (10) and (11), we get 


T --- Zj___ (\o\ 

4 ~fa7\-o # )-(a 1 -r 1 )77 

Equation (II) then gives the value of as 

r, = a, + (iaI b, - a 2 ) T, + (a, - *,) Tf - 7\ 3 - (^r“ - fjf, 2 (,3) 

Equations (9), (12), (13) and (6) give the values of oc 4 , T 4 , T 6 and a 5 . Areal 
positive value of T x is chosen, so that 

77 -a 1 774-aa7' 1 -a 3 >° d 4 ) 

«. + c* *• - J - , + fa - W 7-,* - jv - &TTi _ ( --_- r - ) > 0 (15) 

to ensure a real positive character for and 7’ 6 . Once T x , T 4 and 7* e are real and positive, 
<*+ and « 6 will be real and positive also, since the a’s and b x are all real, positive 
and non-zero. 
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Then the design procedure will be to choose a suitable value of T t and work out 
the values of the other circuit elements using the above equations. 

Conclusions 

The technique described above is specially useful in simulating linear transfer 
functions which do not involve frequent change of parameters. It effects considerable 
economy in equipment. In a large number of cases, the labour of computing the values 
of the resistors and capacitors is not excessive. It is hoped that with the recent 
developments in producing precision passive components, the accuracy obtained by this 
technique will be acceptable for many applications. 
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CLASSIFICATION OF MODES IN ELECTROMAGNETIC WAVEGUIDES* 
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Summary 

The classification of modes in electromagnetic waveguides based on the 
model solutions of the source-free homogeneous wave equation and the limita¬ 
tions of such classification are discussed. The concept of the existence of pole 
waves and branch-cut waves in waveguides is explained. It is shown that 
guided waves , surface waves and leaky waves arise as special cases of pole 
waves associated with the residues evaluated at the poles and the radiation 
field is associated with the branch-cut integration of a contour integral , in 
terms of which the field is expressed as a waveguide containing an exciting 
source. 

1. Introduction 

A system in which all boundary surfaces are parallel to a given straight line may be 
considered as a waveguide. The boundary surfaces may assume any form as long as 
they can be generated by a straight line which extends always parallel to the direction of 
wave propagation. Systems having different shapes are possible, but cylinders 
of rectangular and circular cross-sections are more frequently used. In order that a sys¬ 
tem may act as a waveguide, it is necessary that there must be, at least, one surface 
dividing any two different media. A waveguide can have also more than one surface 
such as ‘Harms-Goubau line*, a hollow metal cylinder containing one or two dielectrics, 
ferrites or plasma. A waveguide may also contain both dielectric and ferrite as in phase 
shifters. The boundary surface may be closed which indicates that no energy can 
escape or enter the bounded region. The surface may, also, be open which signifies 
that energy can be radiated into space in all possible directions or, in a particular 
direction or can enter the bounded region. Hollow metal waveguides belong to the 
first category, whereas a dielectric rod waveguide and £lher surface wave structures may 
be termed as ‘open* type waveguides. 

The media enclosed within the bounding surfaces may be metallic, dielectric, 
magnetic or plasma. The physical constituents such as permittivity or permeability 
of the media may be real, imaginary, complex, scalar or tensors. The conventional 
waveguide, which is extensively used in practice, comprises a single boundary surface 
described by a perfect (<r = co) conductor and enclose within it a homogeneous, loss- 
free (c" = 0), perfect (o ~ 0) isotropic dielectric medium. The conventional hollow 
metal waveguide approaches very closely the mathematically idealized homogeneous, 

* Written discussion on this paper will be received until November 30,1965. 

Thit paper ms received on August SO, 1965. 
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simple and perfect (H.S.P.) guide, 1 where homogeneity means that the energy of the 
propagating electromagnetic wave is restricted only to a simple homogeneous medium ; 
simplicity means that the guide contains scalar media; and perfection means that all the 
concerned media are loss-free. 

From the topological point of view, a conventional waveguide may be regarded as 
a simply connected region, 2 because it satisfies the properties of reconcilability, 
reducibility and because an infinite number of paths lying completely inside the region 
may be described to pass from one pont to another within the region. 

2. Solution of Maxwell’s field equations 

The study of all waveguide problems depend on the solution of Maxwell’s field 
equations in appropriate coordinate systems, subject to proper boundary condition, 
viz., specification of the value of the field at any point on the boundary surface (Drichlet 
condition), or specification of the normal gradient of the field to the surface at the sur¬ 
face (Neumann condition), or specification of both value and normal gradient of the 
field on the surface (Cauchy condition). Since all the well behaved time functions can 
be synthesized from a Fourier spectrum of simple harmonic eigenvalues, the solution 

of Maxwell’s equations in orthogonal curvilinear coordinates (u 2 , i/ 2 , u 3 ) can be obtained 

—y —> 

assuming the time variation of the field vectors £ and H of the form 

—y j -> 

E (uj, u 2 , u 3 ) = I E (uj, u 2> u s )! exp. (± «“ t) 

—> l —> j 

H (a,, u g , u s ) — H (a,, u t , u 3 ) I exp. (± i to 0 


1 o, 


Most physical problems are conveniently treated by orthogonal curvilinear coordi¬ 
nates. The condition that the coordinates should form an orthogonal system is 

Vu, V«r = 0, r t* s (2) 

It is sometimes convenient to work with a coordinate system which is related to the 
symmetry of the system under consideration. The study any problem in a waveguide of 
a particular geometry becomes simpler if the cylindrical surfaces of the system are 
described by equations of the fonn, Uj = constant and u 2 = constant. Source-free 

(/ = 0, p = 0) solution of Maxwell’s equations are obtained from two scalar functions 
$ and which can be obtaineSttn different ways 8 and which satisfy the scalar Helm¬ 
holtz equations. 


The cylindrical symmetry in the case of a conventional waveguide suggests the use of 

^ ^ 

the axial components of the electric Hertz vector n e and magnetic Hertz vector tc a , where 

* and y are related to n as follows, when the cartesian system of coordinates (x t y t z) is 
considered and the direction of propagation is assumed to be along: the z-axis. 


(*• y* *) = i» V (*. y> *) * i* *(*» y) exp. (± i* hz) I 

—► — y — y —► j 

(*. y<*) — *£ (*• y>z) - y) «p- (± «* hz) J 


( 3 ) 
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The field vectors, E and H, are related to n as follows : 

£« = V X V X it,' 

—>■ —y 

H e = — I 0> € V X 71, 

—> —*■ 

Eh = * <■» V X n h 

W* = V xy _ 

~~y —y 

where re, and n k satisfy the following vector wave equations respectively : 

(V s + V) Z. « o 

(V 8 + * 8 )^ = 0 


where 


fc* = w 2 (i 0 e# = 


(4) 


(5) 


is the free space wave number. Calculating V X V X i, 7t, x , the solution for a plane 

inhomogeneous wave with H t = 0, E z y* 0 is obtained. This is termed E wave. Simi- 

—> 

Iarly, calculating V X V X i z 7r A 2 one obtains a plane inhomogeneous wave with H z 0 
and E x * 0. This is called H wave. The field components of the two waves are then 
calculated from equation (4). These two solutions are independent of each other and 
so the general solution of Maxwell's equations can be obtained by a superposition of the 
two solutions. The above method of solution is also applicable in any other orthogonal 
coordinate system. 


3. Model solution 

In the case of conventional waveguides, having perfectly conducting walls and 
enclosing a perfect dielectric, it is usual to assume that in the waveguide the fields, which 
have harmonic time dependence, can be expressed in terms of an infinite series of partial 
waves, called ‘normal modes’, each of which satisfies the wave equation and proper 

boundary conditions. The normal modes are considered to be waves having 

—y —y 

^-dependence as [exp. (i h z)] for the six components of vectors, E and //. The boundary 

—y —> —y —y 

conditions in the case of conventional waveguides are n X E e = 0 and n X E^ = 0 on the 
guide walls in the case of E and H waves respectively. This leads to $ = 0 and ^ = 0 
on the guide wall surface. The wave equations are then scalar, 

V* = 0 [6(a)] 

with * = 0 on the guide walls, and 

V* V, + ** V, = o [6(b)l 
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with 




0 on the guide walls. 


These two equations are eigenvalue equations and 


permit an infinite discrete set of values for y 2 , producing thereby a discrete spectrum 
of waves. The values of h 2 corresponding to y 2 are determined from equation (7). 
The functions, and Vj^>, are eigenfunctions of the equations and are associated with 
the eigenvalues e y„ and h y m respectively 


V = * 2 -V 

V = h hJ 


j- m « n = 0,1,2, etc. 


(7) 


It may be pointed out that = 0, but *y 0 2 ^ 0 and A y 0 2 ^ *y 0 2 § *Yp+i*- 

It can also be shown that h y fi + 2 2 < *y*> 2 , where, p = 0,1,2, etc. This signifies that 
H mode is the dominant mode in a conventional waveguide having a simply connected 
dielectric medium. 

Each mode is characterized by a certain eigenvalue and has a cutoff frequency / c , 
which can be derived from the eigenvalues. The cutoff condition in a conventional 
guide is attained when the phase constant P == 0. Below / c , h is imaginary and the 
mode is damped, and above / c , h is real and the mode is propagated, when the time 
dependence is assumed to be [exp. (— i co /)]. At any given frequency, only a given 
number of modes are prcpagated and the rest are damped. The mode which has the 
lowest / c is called the dominant mode. This classical classification of modal analysis of 
waveguide field into E and H modes is useful, as it helps a physical interpretation of 
the cutoff phenomenon, and justifies Brillouin’s concept of elementary waves travelling 
in a zigzag fashion by multiple reflections from the walls of a guide. This mode 
concept also helps to explain the concept of impedance and Poynting vector. 


The E mode comprises vectors *£ n and *H n , the components of which are expressed 

as functions of e E Mn , whereas the H mode comprises vectors h E m and h H m and 
are expressed as functions of h H zm . The order of E and H modes is defined by a 
discrete set of values of *A„ 2 and h h m 2 respectively. The set of functions, E xn and 
are closed and complete in the sense that it permits a properly well behaved 
arbitrary field, E or H , within the guide to be expanded in terms of these functions as 
follows : 4 


E = E' + ZC n *E n + XD m >>E m 

n m 

H = H. + XC n '}Z + 'ZD m i'H m 

n m 



when the dielectric region enclosed by the boundary surface of the guide is simply 

—>■ —► * 

connected. The vectors, E s and H tt represent the source field and vanish when the 

source is absent or moved to Z = ± oo. The expansion coefficients, C and D, are 

obtained from the relationships : 
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£ C E* A A 


C„ = 




dA 


E *£ * dA 


D m 




h E* dA 


(9) 


0 and ^ = 0 on the 


in which the integration is performed over cross-section A of the guide. 

When the dielectric region inside a guide is simply connected, only E or H wave 
or their linear combination, E H or H E, but not T wave (E z = 0, H z = 0) can be 
physically supported since the eigenvalue equations for T wave is given by 

A/ 2 * = 0 (10) 

A, 2 y — 0 

with boundary conditions # =-= constant; the conditions 3> 
boundary wall lead to the solutions 

( 11 ) 

H'fr* y) ~ constant 

—> —> 

which yield the transverse components of the field vectors as E t = 0 and H t — 0. 
This proves the non-existence of the T wave in a conventional waveguide which is 
simply connected. But T wave can exist inside a guide whose boundary surface encloses 
a multiple connected dielectric region, such as an inhomogeneous guide, viz., coaxial 
guide, guide containing more than one concentric dielectric rod, etc. In the case of 
such guides, an arbitrary field can be expanded in the following form : 4 


£ = £, + £ C„ e E n + £ D m h E m + C 0 £ 0 


( 12 ) 


H-ft + SC/ft+ED. h H m + C 0 H 0 


where £„ and H 0 represent the field due to T waves. 

4. Orthogonality of field vectors 

The orthogonality properties of the field components are the direct consequences of 
the orthogonality properties of the eigenfunctions. Any two functions, f(x) and g(x)> 
for which the inner product (/, g) vanishes, are said to be orthogonal. The integral 

(/.*) = j /M six) dx 

taken over the finite domain is called the inner product of the two functions / and g. 
The limits are omitted for convenience. It satisfies the Schwarz inequality (/, g )* $ 
(/»/) is* $)* where the equality holds if / and g are proportional. 
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The norm of a function, denoted by N /, is the inner product of function f(x) 
with itself i.e.. 



(13) 


When N / = 1, function f(x) is said to be normalized. If any two members of a 

system of normalized functions V|^ 1 (jc), vy a (*).a re orthogonal, the system is 

said to be an ‘orthonormal* system. The orthogonality relationships are expressed as 


where 


f 1 for m = n 
\ 0 for m t* n 


(14) 


For the functions of a real variable which can have complex values, the concept of 
orthogonality can be applied in the following way. Two complex functions, f(x) and 
g( x), are said to be ‘orthogonal*, if the following relationships are satisfied : 

(/,**) = (/*,*)«0 (15) 


where /* and g* indicate complex conjugate of / and g respectively. The function f(x)% 
is said to be ‘normalized*, if 

N/-J |/| a «fe=1 (16) 

It may be useful to mention that the functions of an orthogonal system are always 
linearly independent. Equation (9) is obtained by the normalization procedure. It 
may be remarked that the property of orthogonality is important and useful but the 
property of normalization is only of formal utility. The orthogonality properties permit 
a given arbitrary field represented by a general solution to be expanded [vide equations 
(8) and (12)] as a sum of solutions for the various normal modes. The E and H modes 
have several useful orthogonality properties. 6 * 7 


If in a waveguide bounded by infinitely conducting walls, vy ( . and represent 
the solutions for the ith and jrth E or H modes, the following orthogonality relation¬ 
ships hold : 



(17) 


which states that the axial components of the field for the two different modes (( and j) 
are orthogonal, i.e„ the integral over cross-section A of the guide of the product, 
Ezn Egm Wan H ant vanishes when n 9 * m. 


For two different E or H modes, the transverse electric fields are also orthogonal, 
i.e., 



VtViVtVjda 


*0 


( 18 ) 
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or, in other words, the integral over cross-section A of the scalar product, E,„ E, m or H tn 
—y 

H tm vanishes when ny^m. The functions, 4, and 44, are two different eigenfunctions 
from which the £ or H modes may be derived. T he orthogonality relationships hold 
also for the transverse magnetic fields for any two E or H modes. 

The transverse electric fields for one E mode and one H mode also obey the ortho¬ 
gonality relationship 


II 


O’* X S'*/) V. da = 0 


(19) 


i.e., the integral over cross-section A of the guide of i, (E, n X H tm ) vanishes when 
n 7 ^ m. The functions, 4^; and represent the two eigenfunctions which give rise 

— > 

to H and E waves respectively. The field E tn is the transverse electric field for the nth 

mode and H tm is the transverse magnetic field for the mth mode. Similar orthogonality 
relationship is also obtained for the transverse magnetic fields of £ and H waves. 

In the case of a waveguide with walls of finite conductivity, the eigenfunctions, 44 

and 44, do not satisfy the conditions 4* = 0 and ^ == 0 respectively on the guide 

boundary, assumed in deriving the above orthogonality relationships. The presence of 
finite conductivity results in a cross-coupling between the various £ and H modes. 
However, the more general relationship 


II 


(Etn X Htm) iz da = 0 


( 20 ) 


holds when n^m. The fields, £, n and H tmy represent the transverse electric fields for 
nth mode and mth mode respectively. 

In the case of degeneracy (n=m), the above relationship is not valid. It is however 
possible to secure orthogonality in the following way. If 41 and 44 are two degenerate 
modes such that 


II 


S'. 4/, da = Py 


( 21 ) 


where, 1, 7 = 1,2, and 4V = 4i and 4a # = 4* + a 4i represent two subsets, where 
the constant a is so determined that 


JJv|VHV& = 


0 


then the two modes are orthogonal, when « ! 


* rr. It may be said, in general, that 
*11 

any subset of n degenerate modes may be converted into a new subset of n mutually 
orthogonal modes. 
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5. L S E and LS M modes 

In the case of inhomogeneously filled waveguides such as guides containing 
dielectrics* the normal modes of propagation are, in general, not pure E or H modes, but 
E H or H E modes except in the case of H m0 modes. 5 Where E mn and H mn have the 
same order in the ordinal numbers m and n and where m, n ^ I, they have the same 
propagation factor and so they can be superposed. The superposition can be done in 
such a way that one of the transverse component of E or H is zero. The wave then 
lies in the longitudinal section. In this case, the waves are designated as 

( LSE ) mn±x : E x — 0, £„, E z , H x , H y , H z 0 
t LSM ) mnXx : H x = 0 t E x ,E v ,E„H y ,H d *0 

Similarly, E y = 0 and H u ~ 0 for (L S E) mn ± y and (L S M^xv respectively. 
This mode designation is convenient in dealing with dielectric slab loaded waveguides. 
The waves ( L S M) om and (L 5 E) n0 are similar to H om and E no waves in a homogeneous 
guide. 

6. Applications of mode concept 

The ordinal designations, p and q, in the eigenvalue equations 0 may be replaced by 
m and n, which represent the number of half-cycle variations in the direction transverse ^ 
to the direction of propagation. Some of the significant facts which arise as a conse¬ 
quence of modal analysis in the case of of conventional guides of different shapes are 
as follows : 

(i) In the case of a rectangular guide, H 01 G is the dominant mode, i.e., 
/ c is the lowest of all modes or the cutoff wavelength X c is the 
longest; and 

(ii) In the case of a circular cylindrical guide, E mn ° and H m „ modes are 
doubly degenerate since the <f> (azimuthal coordinate) dependence can 
be either sin m <j> or cos m <f>. For E mn modes, m — 0 and n = 0 are not 
allowed. For H mn modes, m = 0, n ^ 0 and n = 0, m ^ 0 are allowed, 
but not m = 0, n = 0. The eigenvalues of E mn and H mn modes are 
determined respectively from the roots of the following Bessel 
equations : 

Jy ( e Tmn a) = 0 1 

Jy (^Tmn a) ** 0 / 1 } 

where a represents the radius of the circular guide. It is evident from equation (22) 
that H 0 i° and E n ° are companion modes having 1.64 a. It has to be noted that // 01 ° 
mode is not dominant, but from the practical point of view, it is an important mode, 
since it is the only mode, in the case of which the attenuation constant decreases as co^ 811 
monotonically. It may however be emphasized that particular care is needed in 
maintaining the cross-section of the guide as perfectly circular as possible, as the purity 
of the mode depends on the cross-section. For slight deformation, H 0l mode is coupled 
with £ u mode and exchange of energy occurs between the two companion modes. 
This mode instability, in the extreme case of deformation, may lead to the complete 
transfer of energy to E%i mode. 
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For a coaxial guide, the cutoff wavelength for £ 0J mode is \ ~2 (a — b); and for 
Hqi mode, \ ^ n (a + i), where a and b represent the radius of the inner and outer 
conductors respectively. For E 01 mode, \ varies as the spacing between the two 
conductors which is very small and \ (H 0l ) exceeds the outer perimeter of the guide. 
So, these two waves are not suitable for practical purposes. The T wave which has 
no cutoff is the convenient mode to be used for a coaxial guide. 


In the case of an elliptical guide, mode vectors are expressed in terms of even and 
odd Mathieu functions of the first kind and integral order. The dominant mode is Jin. 
When the eccentricity of the ellipse approaches zero, \ for some of the modes in an 
elliptic guide approaches that of a circular guide, e.g., 

(otfiA J*n*) -> \ (Wn°) 

\ ( 0 £ n °, e E n °) -> x c (£ n °) 

>■« C£oi°)^Ac(£oi <1 ) 

>c(e«01°) ^c(// 0 |°) 

If a circular guide is deformed, the modes H n ° and £ n ° may be considered as split 
up into two even and odd modes. The splitting occurs as the above two modes are 
degenerate. For non-degenerate modes such as £ 0l ° and H 0 1 °» no such instability 
appears. 

7. Excitation of waveguides 

The modal solution for an electromagnetic structure is derived from the source-free 
wave equation. In any finite region bounded by electromagnetically opaque walls, the 
modal solution gives discrete spectrum which is finite everywhere and individually 
satisfies the boundary conditions and field equations. But a dynamic electromagnetic field 
emanates from a physical source. In this sense, a source-free field may be regarded as 
being originated from a source placed at z = ± 00 . where the direction of propagation is 
along the z-axis. The physical reality of all electromagnetic waves depends, therefore, 
on launching conditions, in addition to their being the solutions of Maxwell's equations 
subject to the boundary conditions and or radiation condition at infinity. So, the entire 
field as a solution to Maxwell’s equations is obtained by superposing discrete spectrum and 

continuous spectrum solutions. If a source placed in a metallic waveguide is represented 

—y — y 

by an electric current distribution, J e (r 0 ), throughout a finite volume v of the guide, then 
* —y —y t ^ 

the electric field, £ (r), at any point r in the guide is given by equation (8) as 

E (r) - | fW (T| Z) t (3 dv o (23) 


But if the source is represented by a magnetic current distribution, J m (r 0 ), the field 
is given by 


w w = J?® (3^o 


(24) 
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where r and r 0 indicate the observation and source points' coordinates, (r | and 

JT< 2 > (r | r 0 ) are the dyadic Green's function of the first and second kind respectively 

and are related 8,9 to the scalar Green’s functions of the first kind, G (1) (r | r 0 ), and the 
—^ ^ 

second kind, G® (r | r 0 ), respectively. The scalar Green’s functions, G (1 * and G* 2) , 
obey the inhomogeneous wave equations : 


(V 2 + * 2 ) G»(r|ro)- -*(r-ftf 

(V 2 + * 2 )G<*>HO=-8?-3 J 


(25) 


subject to the boundary conditions, G (1) (r | r 0 ) = 0 and G (2) (r | r 0 ) on the wall of 

the guide. The Dirac delta function b, is defined to be zero everywhere except at the 
—> —> 

source r = r 0 , !.e., where it is discontinuous in such a way that 


f. 7* . JO r not in v 

\b(r-r 0 )dv 0 == 

y (j r in u 


(26) 


when the source is of unit strength and is taken for convenience as ;-and located at 

i co (i. 

—^ 

r 0 . The Green’s function G, is a solution to a given differential equation subject 

to specified boundary conditions, with the excitation function of unit strength 

—«... 
located at r 0 in space. The Green’s function is a function of both source and field point 

—^ ^ 

and is symmetrical in the variables r 0 and r, i.e., 


G(r|r 0 )=G(r 0 |r) (27) 

Knowing the solution when the source function is represented by a delta function, 
the solution for any given arbitrary source distribution is found by the superposition of 
elementary solutions. The inhomogeneous wave equations (25) are solved using 
the Fourier transform technique. 

8. Pole waves and branch~cut waves 

To determine the E field or H field in a waveguide containing a source, the Green’s 
function is determined by solving the inhomogeneous equation. The solution is set up 
as a Fourier integral which is then expressed in the form of a contour integral. The in** 
tegrand, in general, contains branch points and an infinite number of poles. The contour 
integral may be evaluated in either of the following ways. The first method comprises 
the deformation of the contour, so that the resultant integral consists of a branch-cut 
integral and a residue integral around the poles. If there is no pole, the deformation 
may result in two branch-cut integrations. The deformation of the contour with 
regard to the location of the poles in relationship with the branch-cut is done in 
such a manner so that they lie on the correct leaf of the Riemannian plane.* The 
second method consists in employing the saddle-point method of integration, 10 * 12 
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or the method of steepest descent, in which the path of integration is deformed in such 
a manner that the principal part of the integral can be evaluated along the deformed 
path. 

The saddle-point method will yield correct result, if the integral can be expressed 
in the form 

I(z) == j*exp. [z /(/)] dt (28) 

c 

where the contour C is such that the integrand is zero at the ends of the contour. The 
best form of the contour comprises loops around the branch points and poles and come 
from + °o in straight line and recede to + co parallel to the incoming straight line. In 
the case of a branch point, the straight parts of the loop lie on opposite sides of the 
branch-cut. In the case of a pole not coinciding with a branch point, the integrals over 
the two straight parts cancel and the result is only the residue at the pole. The integral 
(28) may be split up as 

I(z) = exp. [j I m {2 /(/)}] | exp. [R, {2 /«)}] dt (29) 

c 

As j z j ->oo, the exponential factor with imaginary argument oscillates rapidly. To 
reduce such oscillatory effects, the contour is deformed such that I m [z f(t) ] remains 
constant, where R<. [z /(/)] is maximum. The point t — to* where R e [z /(/)] is 
maximum, is such that /'(/) = 0. The contour near t = / 0 is deformed such that I m 
[z /(/)] -= I m [z Kt 0 )}. The surface of the contour at the stationary point t = t 0t must be 
flat, as the real part of a function of a complex variable cannot have a maximum or a 
minimum. The point t = t 0 is the saddle-point. 

In order to obtain the solution of the branch-cut integral, the integrand is expanded 
in asymptotic series, and then integrated term by term, provided none of the poles is 
in the immediate vicinity of the branch point, in which case, the expansions do not 
converge. 

The solution of the contour integral give the total field which is composed of the 
sum of the fields contributed by the residues evaluated at the poles, v^ t , and that con¬ 
tributed by the branch-cut, Vf/g, So, the total field in a waveguide may be said to 
comprise pole waves; and this field is associated with the existence of individual poles and 
branch-cut waves which is a consequence of the integration around the branch-cut. 
Hence, the field in a waveguide may be represented as 

n 

S' = 21 W + S'* ( 3 °) 

0 

where n represents the number of poles on the right leaf of the Riemannian plane. The 
poles may lie on the real axis, or on the imaginary axis or on both the /»-complex 
planes, or the poles may be shifted from the axis in the first quadrant of the Argand 
diagram, depending on the properties of the waveguide. The poles on the real axis 
give rise to evanescent waves in z-direction, as the amplitude of these pole waves 
vary as [exp. (— h n z )], when the time variation of the harmonic field is taken as 
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[exp. (— i co f)l. whereas the poles distributed on the imaginary axis give rise to propa¬ 
gating waves. The distribution of the poles and their positions with regard to the 
branch-cut are functions of the physical properties of the waveguide. The physical 
properties of the waveguide in relationship with that of the medium in which it is 
immersed decide which of the two waves, due to the poles or the branch-cut, will 
predominate. In a physical waveguide, the pole waves are of the form 13 

Vi = /,(*) A £ exp. (-hi z) (31) 

where a t represents the product of the sum of the residues at the poles and the intensity 
of the source and 

A , = exp. ( — b 2 z) erfc. ^ jb ^ (32) 

which depends on z and on the distance between the pole and the branch-cut. The value 
of A* is unity or zero in the far field depending on whether the pole is above or below 
the branch-cut respectively. Pole waves, as defined above, are the proper modes and 
pole waves with A ,• = 1 are defined as ‘quasi-modes’. 


The branch-cut integration does not give a modal type of solution, because the 
branch-cut wave originates from the integration over a continuous range of h unlike the 
pole waves which originate from a pole at a single value of h. In the case of a conven-^ 
tional metal waveguide, the pole wave is a consequence of the modal solution. In the 
case of open guides such as a dielectric rod guide, the poles in the integrand lying on 
the correct leaf of the Riemannian plane will give rise to surface waves. There may 
be some poles which lie on the wrong leaf of the Riemannian plane and may give rise to 
leaky waves. In evaluating the contour integral, the contour is deformed into a contour 
of steepest descent and in this process, a part of the contour may lie on the wrong leaf, 
which will cause a contribution from the leaky modes to add to the resultant field. In 
the case of an open guide, the contribution of the integration round the branch-cut will 
give rise to a radiation field and the poles enclosed within the contour give rise to surface 
wave modes. The leaky modes have the space dependence of the form {exp. [(ip — q) 
x + (ir ~ s) z ]} with p, q , r and s each positive for *, z > 0, when the unit current 
filament is located parallel to [/-direction. 


In order to explain the concept of surface and leaky waves in some more detail, 
let us consider a delta function source located at jc = a, z = 0 (Fig. 1) over a grounded 
loss-less dielectric slab. 14 The wave equations in the two media, 1 and 2, are respectively 

(V« a + V) £o(*> z) = — 8(x - a) 8(z), x^O ^ 

(W + l?)E 1 (x,z)=0 J 1 } 

where A t a is the two-dimensional Laplacian transverse to y t ko and ki are the transverse 
wave numbers in media 1 and 2 respectively. Then £ 0 and E x can be expressed 

as Fourier integrals in terms of modal amplitudes, e 0 (jf'j and e x where 0, 

represents the eigenvalue specifyng the mode 


£ 0 (x, z) = 


| C ° (lx) eXP ‘ ^ ^ 


(34) 
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Fig. 1 


Location of the delta function source 
on a lossless dielectric slab 


The inverse of the above integral is given by 

00 

e ° (p ) “[ ^ exp- ‘ P *dz (35) 

— OD 

Using the usual Fourier transform technique, seperating the x-dependent terms, 
imposing proper boundary conditions and the radiation condition at infinity, the expres¬ 
sion for the field in medium 1 is obtained as : 


£« (*, z) = — ^ j ~ [ exp k x0 \ x — a } -f T (p x ) exp. (i k*o \ }] 

—00 

exp. (i p x z) c/p, (36) 

which represents the superposition of a downward and an upward wave, and 


and 


V-Pa 2 ;ferl 2 = *l 2 -P * 2 


(37) 


r(P/> 


rJ.kxO - k x \ cot kxld 
— i kxo + kxi cot kxi d 


(38) 


which is the reflection coefficient at the interface of the dielectric slab and the grounded 
metal plate. 

The existence of surface waves or leaky waves can be studied by exploring the effect 
of p, on k*o as P* changes continuously from — oo to + oo. From the propagation 
factor, {exp. [i k x o x + i P, e]}, the following significant results are obtained : 


(i) If P, = 0, then £,0 ^ £o» which gives rise to waves travelling in x-direc- 

tion, i.e., broadside to the surface of the structure ; 

(ii) If P, = ± ko* kxi ) 8=5 which gives rise to waves in the ± ^-directions, 

i.e., parallel to the surface of the structure; 


(iii) If | P, | < kof then kxo is rea l* If P* is positive, the wave is propagated 
toward the upper e-direction. If P, is negative, the wave is propaga¬ 
ted toward the upper — e-direction; 


(iv) If | P« | > ko* then kxo Is imaginary, which gives rise to an evanescent 
wave, «.e., a wave is propagated toward +e- or — e-direction undergoing 
at the same time an exponential decay in the broadside x-direction; 


(v) The sum of there modes as P, changes from - oo to + oo gives the 
entire field which satisfies the boundary condition; and 
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(vi) If the evanescent inode satisfies the boundary condition, then the mode 
is a surface wave. 

The integrand in equation (36) possesses branch points at P x = ± ko and poles 
corresponding to the zeros of the denominator of equation (38). The poles are given 
by the roots of the equation 

kxi cot kxi d — I kxO * 0 (39) 

which reduces to 

*r 0 d + Pn d cot P,! d = 0 

When k*o “ i <*xo and kxi ~ P*i. equation (37) reduces to 

^o 2 /C r J 2 - (P xl J) 2 - (a^o J) 2 = 0 (40) 

where e r = is the relative permittivity of the dielectric slab and kr = € r 1 • Equa- 
€ o 

tions (39) and (40) give the surface wave poles P x , which account for the existence of 
the surface wave. The surface wave pole lies between | ko I and | k\ I • 

If kz * s complex, then cl x0 is negative. If p x0 is positive, then equating the 
imaginary parts in equation (37), 

*x0 Pxo'= - «. P* (41)' 

where oc x and P* must be of the same sign. 

(i) If a x and p x are positive, the propagation factor is {exp.[ — a x z + i P* z]} 

which indicates a travelling wave in + ^-direction ; and 

(ii) If a x and P x are negative, the propagation factor is {exp.[a x z — i P x z]} 

which signifies a wave travelling in — z-direction. 

The above two modes are leaky waves which travel in + z~ or — z-direction 
undergoing attenuation as it progresses and increasing exponentially in the broadside 
direction as is negative. The leaky wave is associated with the existence of the 
pole ^ktt which lies on the wrong leaf of the Riemannian plane and hence does not 
contribute any residue, if the contour is properly chosen. The position of the surface 
wave pole and the leaky wave pole in relationship with the branch-cut and the contour is 
shown in Fig. 2. But, in following the saddle-point method, if the line of steepest 
descent is so deformed as to include the leaky wave pole then it will contribute to the 
residue and hence to the total field. In the case of a surface wave antenna or plasma 
sheath, leaky wave contribution forms the dominant part of the field. 



Fig. 2 

Positions of wave polos 
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The nature of the surface wave and the leaky wave are best illustrated in Figs. 3 
and 4. It is evident that leaky wave is a non-modal solution, as it does not satisfy the 
condition at infinity in the broadside direction (x = + °°). The surface wave mode 
also does not satisfy the condition at infinity (x = 0, z = Jr co). But in the case of a 
surface wave mode, the small losses in the structure introduce an imaginary part in the 
surface wave pole and hence the condition at infinity (z = ± «=>, x = 0) is not 
violated in practice. So, the surface wave mode may be regarded, in this sense, as a 
consequence of modal solution. 



Fig. 3 Figi 4 

Nature of surface wave Nature of leake wave 


9. Inhomogeneous guide 

In the case of an inhomogeneous guide, the constitutive parameters 6 and p. are 
the functions of coordinates, c, p = /(x, y), say. 

Let 

Y 2 =-(h* + k 2 ) (42) 

where 

k 2 - CO 2 (X € 

which indicates that y 2 =/(*, «/). So, y 2 does not have the usual significance of an eigen¬ 
value characterizing a mode as in the case of a homogeneous guide. Since, k 2 — /(** y» w ) 
and h 2 = /(to), therefore, y 2 = / v x, y, co). Hence, in an inhomogeneous guide, the field 
distribution for each mode will change with the angular frequency of excitation of the 
wave, co, unlike that in a homogeneous guide, where y 2 is independent of co for each 
mode, and the wave equation in E s or H z does not contain coefficients /(co). So, in 
the case of an inhomogeneous guide, the identification of modes in terms of E or H be¬ 
comes difficult as the field distribution is not invariant with co. 

Whereas modal classification into £ or H waves is possible in the case of a homo¬ 
geneous guide l as the field distribution remains invariant with change in co over the 
range 0 <co<oo, in the case of inhomogeneous guides, E s and H M coexist with each 
other by the variation in e and p with x, y and as such, a complete set of modes, if it 
exists, must be composed of £, H or H E modes. 

10* Conclusions 

From the foregoing discussion on the classification of modes, the conclusions that 
may be drawn are: 

(i) The problem of finding the modes in a waveguide is equivalent to deter¬ 
mining the eigenvalues of a differential equation. In waveguide 
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problems, if the coefficients of the differential equation are real, the 
eigenfunctions and eigenvalues are also real and unique modal 
classifications and ordering of modes are possible. But if the coeffi¬ 
cients, eigenfunctions and eigenvalues are complex, an unique ordering 
of modes is not possible ; 

(ii) In general, except in the case of H.S.P. guides, no mode can exist on its 

own ; but it can exist in conjunction with other modes ; 

(iii) In the regions of finite extent and completely bounded electromagnetically 

opaque walls, the source-free solutions possess a discrete spectrum, 
everywhere finite, and individually satisfy the field equations and boun¬ 
dary conditions ; 

(iv) In the case of open guides, there may exist a discrete spectrum of modes 

but these must be supplemented, in general, by a continuous spectrum 
of modes ; 

(v) The continuous modes are improper in that they are not square integrable 

(finite energy), and they do not satisfy the boundary conditions at the 
singular point, z.e., infinity ; 

(vi) In addition to a continuous spectrum, there may exist a set of non-modal % 

solutions which may become infinite in the infinitely remote region of 
space. To this category belong the leaky modes ; 

(vii) The entire field in a waveguide may be expressed as the sum of pole waves 

and branch-cut waves. The subdivision of a dynamic electromagnetic 
field into guided waves, surface waves, leaky waves and a radiation field 
depends on the nature of the integrand in the contour integral, in terms 
of which the total field at a point is expressed ; and 

(viii) The existence of guided waves, surface waves or leaky waves depends on 
the nature of the poles in the integrand of the contour integral and is 
associated with the residues evaluated at the respective poles. The 
radiation field arises as a consequence of the branch-cut integration. 
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NETWORK STRUCTURES FOR A SPECIAL CLASS OF 
MINIMUM BIQUARTIC PR* FUNCTIONS* 

J. G. Advani 
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O. P. Gupta 

Non-member 

Summary 

Network structures to realize the minimum pr-impedance functions were 
discussed by Valkcnburg , Foster , Kim and Seshu. The networks were derived 
mostly for the simplest form of minimum pr-functions, i.e. t the minimum 
functions having zero real part at one frequency. This paper attempts to 
obtain the network configurations realizing a sub-class of minimum 
pr-functions having zero real part at two frequencies , which are biquartic 
functions. The basic five-element networks (realizing the minimum biqua¬ 
dratic functions) discussed by Valkenburg are modified to yield the minimum 
biquartic pr-functions having zero real part at two frequencies. Some 
theorems from the graph theory are used in deriving the modified structures. 

The networks obtained in this fashion are two 7 -element, two 8 ~element and 
six 9-element networks. The conditions on the coefficients of a given biquar¬ 
tic function so that it is realizable by the above networks , and the values of 
the network elements in terms of the coefficients are derived and tabulated. 

1. Introduction 

A biquartic function given by 

7( \ _ is s * + a 3 58 + a 2 s * + a i s / 1 \ 

W s 4 + b 3 s 9 + b 2 s* + b t s + b a 1 ' 

will be the minimum pr-function having Re. Z(jco) = 0 at two positive real and distinct 
frequencies if the following six conditions, in addition to the requirement that all the 
coefficients are positive, are satisfied by the coefficients of Z(s). 

a, > 01 + a 0 “ s (2) 

o» dl 

ba> t + b ° t (3) 

\/ to ( a 2 “b ^2 a s tg) ^ ^2 to 4" clq b% dj bi (4) 

^ * ~ *2 ~ ^ = (V a o ~~ V to) 2 + <h h ( a i ts + bi) (5) 


* Written discussion on this paper will be received until March 31,1936, 
This paper toat received on February 93, 1966, 
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(6) 

(7) 


a 2 “ f ” ^2 ^ °3 ^8 

( m±h_ -*<■ )■, 4VaoJ( 

Conditions (2) and (3) ensure that the numerator and denominator of Z(s) are strict 
Hurwitz polynomials, conditions (4) and (5) ensure that Re. Z(jo>) * 0 at two fre¬ 
quencies, <&i and to 2 , and conditions (6) and (7) ensure that and c*> 2 are positive real 
and distinct. 

The further conditions on the coefficients of Z(s), so that it may be realizable by 
the networks, derived in section 2, are obtained in section 3. 

2. Derivation of network structures 

For any biquartic pr-function with Z(0) = Z(«), at least one resistor and four reac- 
active elements shall be required. The only two possible networks with five elements 
and satisfying path and cut-set requirements are discussed elsewhere. 6 

For any biquartic pr-function with Z(0) ^ Z( °°), at least two resistive and four re¬ 
active elements shall be required. All the possible six element networks realizing the 
minimum pr-functions, with Z(0) ^ Z(°°), discussed by Foster, 2 Kim, 8 Seshu 4 and 
Reed 6 can realize pr-functions having real part zero at one frequency only. 

> Network configurations having 2 resistive and 5 (also 6 and 7) reactive elements 
for the realization of some of the minimum pr-functions having Re. Z(j<*>) = 0 at two 
frequencies, are derived below. 

The Valkenburg 1 network, shown in Fig. I, for a minimum biquadratic function 
is considered. This gives one real frequency transmission zero through R 2 when Rj 
is open-circuited or short-circuited, or vice versa , and hence Re. Z(/o>) = 0 at one fre¬ 
quency only. To achieve two real frequency transmission zeros for Re. Z(;w) -= 0 at 
two frequencies, the network of Fig. 1 is modified to the network structures shown in 
Figs. 2 and 3, 



In the network of Fig. 2, Z 3 and Z 4 are reactive circuits and are of such form that 
the path and cut-set conditions are satisfied, for this network to yield the minimum 
pr-function. To get the zero of transmission through R% at two frequencies, when 



ADVANI & GUPTA: NETWORK FOR MINIMUM BIQUARTIC PR-FUNCTIONS 33 


Ri is open-circuited, (Z 3 + Z 4 ) should have two pairs of zeros on the real frequency 
axis. The minimum number of reactive elements to give two pairs of finite zeros are 
four and the various combinations of (Z 3 + Z 4 ) ar$ given in Fig. 4. These combinations 
are divided into two parts (shown by dotted lines) and any one part may be used as Z 3 
and the other as Z 4 . Actually, the network structures obtained from Z 3 and Z 4 of 
Fig. 4(iii) shall realize the same special class of biquartic pr-functions as those obtained 
from Fig. 4(i) and the same is true for the structures obtained from Figs. 4(ii) and (iv). 
Thus, there will be only six network structures, shown in Fig. 5, which can realize special 
class of the minimum biquartic pr-functions. 

In the network structures of Fig. 3, one transmission zero is the same as in the case 
of Valkenburg while the other transmission zero is obtained by (i) introducing anti¬ 
resonant circuit in series with the resistances, or (ii) by introducing a series resonant 
circuit in parallel with the resistances. This way, there shall be another four networks, 
shown in Fig. 6, which can realize special class of minimum biquartic pr-functions. 





Fig. 3 

Modified networks 
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(ii) 



(III) 



c- 



-o 


Fig. 4 

Various combinations of (Z 3 + Z 4 ) 


Restrictions on minimum biquartic pr-functions 

The driving-point impedance function of the network of Fig. 5(i) is given by 

■Si + S 2 a /S, + S 2 

2 R s + 


+ 


Z(s) = 2 R 


(Si±A + s,\ 

\ Hi + U) 


+ r/ + 


it- 


2 Li 
2 Si + 2 S 2 ) 


I Si S 2 . 5, S\ 
^ 2 R L 2 2 L 2 


+ 


R S 2 , 2 5, S 2 

s 


u 


Lf i L* 2 


(8) 


A given functon, Z(s), of equation (I) will be realizable by the network of Fig. 5(i), 
if Z(s) given by equations (1) and (8) are the same, i.e., the corresponding coefficients 
of the functions of equations (1) and (8) are equal. 

Comparing the coefficients, nine equations are obtained. All the nine equations 
should be satisfied simultaneously for Z(s) of equation (I) to be realizable by the network 
of Fig. 5(i). In these nine equations, five unknowns (R ly L j, L 2 , S x and S 2 ) are present. 
Eliminating these, four conditions on the coefficients of Z(s) of equation (1) should be 
satisfied. The element values and the conditions are given below. 


Element values 



4 a 0 = 6 0 (9) 

ao = a x b 9 (10) 

b% is(<*•*—<i* W (11) 

a, + 3 a z bn (12) 


Conditions 
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(ill ) 


(iv) 


Fig. 5 

Networks for realizing special 
class of minimum biquartic 
pr-functions 





Fig. 6 

Additional networks for 
realizing special class of 
minimum biquartic 
pr-functions 


(ill) 


(iv) 
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For the elements to have positive values, one more condition (inequality), given by 
equation (13), should be satisfied : 

a 9 b 1 >a 0 (13) 

The five conditions given by equations (9) to (13) satisfy the conditions given by 
equations (2) to (7). Thus, the above-mentioned five conditions are the necessary 
conditions on the coefficients of a given biquartic function Z(s), for Z(s) to be the 
minimum pr-function having Re. Z(;w) = 0 at two positive real and distinct frequencies 
and as well be realizable by the network configuraton of Fig. 5(i). The four conditions 
in equations (9) to (12) satisfy the two conditions of equations (4) and (5) and hence 
this set of four conditions can be said to be equivalent to the set of four conditions of 
equations (4), (5), (9) and (10). Thus, the set of five conditions of equations (9) to 
(13) is the same as the set of five equations (4), (5), (9), (10) and (13). The conditions 
on the coefficients of Z(s) for it to be a minimum pr-function having Re. Z(jo>) 0 
at two positive real and distinct frequencies and as well be realizable by the various 
networks of Figs. 5 and 6 are given in Table 2. 

If it is known that the given function, Z(s), is a minimum pr-function having 
Re. Z(jo>) = 0 at two positive real and distinct frequencies, i.e., it satisfies the condition^ 
of equations (2) to (7), then the coefficients of Z(s) should satisfy fewer conditions than 
mentioned in Table 2, for it to be realizable by the various networks of Figs. (3) and (6). 

For such Z(s) to be realizable by network of Fig. 5(i), only two conditions, given by 
equations (9) and (10) should be satisfied, because the conditions (4) and (5) are auto¬ 
matically satisfied and condition (13) can be derived from condition (3). The necessary 
conditions on the coefficients of Z(s) for it to be realizable by the other networks of 
Figs. 5 and 6 are given in Table 1. 

The element values for networks of Figs. 5(i), 5(iii) and 6(i) in terms of the coeffi¬ 
cients of Z(s) are given in Table 3. The element values for the other networks can be 

simply manipulated by the principle of duality or by the substitution, s = . 

p 

Table 1 


Conditions on Z(s) to be the minimum pr-function having Re, Z(;co) = 0 
at two positive real and distinct frequencies, to be realizable 
by various networks 


Network 

Conditions 

Fig. 5(i) 

0) 

II 

<? 

and 

(2) ao = ai b t 

Fig. 5(ii) 

(3) 

do = 4 b 0 . 

and 

(4) b 0 = a 3 bi 

Fig. 5(iii) 

(5) 

<h “ b 0 

and 

(6) ig 8=5 a* “b 3 a* b z 

Fig. 5(iv) 

(7) 

Qq * 

and 

(8) ag « + 3 a* b$ 
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Table 1 ( Contd .) 


Fig. 5(v) 

(9) 

4 a 0 

= bo 

and 

(10) 

Oo 

— 

<*3 

bx 



Fig. 5(vi) 

(ID 

a 0 = 

4 b 0 

and 

(12) 

t>0 

= 


bo 



Fig. 6(i) 

(13) 

4 a 0 

= bo 

and 

(14) 

Q\ 

= 

o 3 

(a, - 



Fig. 6(ii) 

(15) 

<*o = 

- 4 b 0 

and 

(16) 


a 3 



+ 

as 2 

Fig. 6(iii) 

(17) 

4 a 0 

- *0 

and 

(18) 

<*2 

At 


= a o 1 


+ A, 2 

Fig. 6(iv) 

(19) 

= 

4 4„ 

and 

(20) 


At 


= O 0 

V 

+ 4i* 


Table 2 

Conditions on Z(s) to be the minimum pr-function having Re. Z(jo>) — 0 
at two positive real and distinct frequencies and also realizable by 
the various networks 

Network Conditions 

Fig. 5(i) Equations (4), (5) ; conditions (I), (2) in Table 1 and a 3 b Y > r 0 

Fig. 5(ii) Equations (4), (5); conditions (3), (4) in Table 1 and a x > b 0 

Fig. 5(iii) Equations (4), (5); and conditions (5), (6) in Table I 

Fig- 5(iv) Equations (4), (5); and conditions (7), (8) in Table 1 

Fig. 5(v) Equations (4), (5); conditions (9), (10) in Table 1 and a x b 3 > <» 0 

Fig. 5(vi) Equations (4), (5); conditions ( 11 ), ( 12 ) in Table I and a 3 b x > b 0 

Fig. 6(i) Equations (3), (4), (5), (7); conditions (13), (14) in Table 1 and o :i b x * c/ u 

Fig. 6(ii) Equations (3), (4), (5), (7); conditions (15), (16) in Table I and a x b s > b 0 

Fig. 6(iii) Equations (2), (4), (5), (7); conditions (17), (18) in Table I and a 3 b 1 > a {) 

Fig. 6(iv) Equations (2), (4), (5), (7); conditions (19), (20) in Table 1 and a 3 b 1 > b 0 


Table 3 

Element values in terms of coefficients of Z(s) 


Network 



fi 8 . «*) * = f. U - ll-Z- S '- Ka ' 

!-«• o K , K r _Kb$ {flzbx~a^ c __ KQq c (a s bi~~a 0 ) 

Fig. 5(i) Ri 2 , ^ 1 * s 2&s'^ == - b? ~ 

n K J K r K d\ r. K i° r* ~~ IS n 

Rl ~2 ,Ll ~2b t ,Lt ~ b 0 ,Sl 2b x ’ St K 3 


Fig. 5(iii) 
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4. Conclusions 

The calculations presented in this paper gives more familiarity and insight on an 
aspect of passive network synthesis techniques using the basic ideas from graph theory. 
Network structures yielding a special class of minimum pr-functions having Re. Z(;o>) 
=0 at three or more frequencies can be developed by following the methods presented 
herein. The special class of Z(s) realized here requires 7, 8 or 9 elements which by Bott- 
Daffin procedure would require 19 elements. It is of some interest to note that the 

networks of Fig. 6 realize Z(s) having Re. Z(jc*>) = 0 at two frequencies co 2 — --i—p 

VU Ci 


and 6> 2 = 


1 


So if L x Ci = L 2 C 2 , the networks of Fig. 6 can realize impedance 
(<o 2 - <o o y 


\ZL 2 C 2 

functions having real part of the form (i.e., it is zero at only one frequency 

but the zero is of fourth order instead of second order) 
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Summary 

The performance of an A.C. system is adversely affected by the changes 
in either carrier frequency or the notch frequency of the A.C. compensating 
network. This paper presents a procedure for synthesis that minimizes 
the changes in the notch frequency w 0 . and defines the overall sensitivity , 

S () , with respect to the variations in the various elements of the network- 
The transfer function of a T-network is synthesized by Guillemins procedure. 

The values of the elements of networks realized are in terms of a and b. 

The overall sensitivity , W 0 , is found in terms of a and b for two cases. 

It is observed that for case 1, a = 0.293 and 1.707 give the minimum sensi¬ 
tivity of 0.933 and for case 2, a = 0.27 and b = 3.75 give the minimum 
sensitivity of 0.371. The overall sensitivity of the twin T-network is found 
to be 1.414. 

L Introduction 

The A.C. lead compensating networks (twin-T and bridge-T), containing resis¬ 
tances and capacitances are widely used to satisfy simultaneously the performance 
specifications given for steady state and transient response in an A.C. servo system. 

The performance of an A.C. control system is adversely affected due to changes in 
carrier frequency or notch frequency. Many authors 1,2,3 have worked on the design 
of A.C. compensating networks (bridge-T and twin-T), which would provide satis¬ 
factory compensation for changes/predetermined changes in the carrier frequency. 
Networks designed this way are effective even if there are changes in the notch frequency 
instead of carrier frequency. These networks though give satisfactory performance for 
changes in the notch frequency, the change in the notch frequency gives some quadrature 
component and thus would affect the performance of the control system to some extent. 

In this paper, A.C. compensating networks are synthesized for the minimum 
variation in notch frequency, due to changes in the various elements of the network. 
The synthesis is carried out by parallel ladder method for the transfer function of a twin 
T-network. 


^Written discussion on this paper will be received until March 31,1966. 

This paper was received on September 17, 1965. 
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2. Sensitivity of a twin T»network 

2.1. Transfer function 

For the twin T-network shown in Fig. 1 (i), the transfer function is found to be 


T(s) = 




0) 


where t — RC. 



GO 
Fig. 1 

Twin T-network and its performance curve* 


The magnitude and phase shift of T(jw) is plotted against u) 0 in Fig. l(ii). 
notch frequency i% for this network is given by 

1 


The 


or. 


Wg 


1 

RC 


( 2 ) 


2 . 2 . 


Overall sensitivity 

The sensitivity of notch frequency t% with respect to any element e* is defined as 

C. _ !"?«l 
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«* bw 0 


The overall sensitivity of uio with respect to all the n elements of the network is 
defined as 


s = J (4) 

iM 

From equation (2), it is observed that u) Q depends on R and C. The total sensi¬ 
tivity of i% as defined by equation (4), is calculated to be 

S-1.414 (5) 

3« Synthesis of T(s) by parallel ladder procedure 

The transfer function T(s ), of equation (1) is synthesized by Guillemin’s procedure 
in two ways for the two cases given below. 


In this case, one finite pole is at s =-of y t j. Transfer function T(s), of equa- 

T 

tion (1) can be written as 


m- (*;!) 
('+7+i) 

H) 


Using the y-parameters of a two-port network, T(s) can be written as 

T( s ) = - yii 
y %2 

From equations (6) and (7), — y 12 and y f2 can be recognized as 


ha * . —r 

K) 

(‘ + “') 
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For y *2 to be an R-C admittance, 2— \/3<a<2+ \/3. Guillemin’s procedure 4 is 
adopted to synthesize a network from the y-parameters of equation (8) and the network 
realized is shown in Fig. 2. The values of the various elements of the network are : 

2 (4 a — a a — 1) r 
Rl - ( 4 -a) ' 




2 T 

4—o 


p _ 2 a (4 a — a 2 — 1) t 
( 4 a-1)* 

R t = 2 a r 

r _ (4 a) 2 __ 

Cl_ 2(4a - a 2 - 1) 

C 8 = i 

r _ (l a ~I) 

Cs ' 2 (4 a-a* - 1) 

_ 4 a — 1 
4 “ 2 a 2 


(9) 



The transfer function of the network of Fig. 2, in terms of its elements, is found 
to be 

m = fRJWi, C 1 C t C 4 +s 2 /? 4 ^»C 8 C«(/? ) +R,)+s (10) 

'' Denominator 

The denominator polynomial of equation (10) is also of third order. The transfer 
functions of equations (10) and (1) refer to the same network of Fig. 2. So the 
numprat r and de minator polynominals of equation (10) must be quadratic expressions 
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in s and must have a factor (s + p) in common. Hence, equation (10) can be re-written 
as 

(s + p) (s 2 + d) 


T(s) 


(s + p) (Remainder of the denominator) 


or, 


T(s) = 


U 2 + d) 


Remainder of the denominator 


( 11 ) 


( 12 ) 


Comparing the coefficients of the numerator polynominals of equation (11) and 
(10), d is found to be 

■ _ C, + C« 

R, r 2 c, c, c 4 

From equations (12) and (I), it is observed that d = - 2 and knowing that ic 0 = -, 


the value of u) 0 would be 


= /_C , + c 4 

V Ri R 2 Ci C 3 C 4 


(13) 


The sensitivities of w 0 with respect to R it R 2 , C 2 , C 3 and C 4 are found out from 
the definition of equation (3). The overall sensitivity w 0 , as defined in equation (4) is 
found to be 


1 

2 w 0 


r, c s + c 4 _ , /_L , J \ _c, c 4 __ 7 

L Ri R» Cj Cs c 4 + \C 3 ‘ + C?; Rj R, CjC, + C 4 )J 


Substituting the values of the various elements from equation (9), 

a 4 + (4 a — a* — l)*"] 1 


5 = J 3 + 


t 3 


(4 a — 1) ! 


4 - \yy 

)* 


(15) 


The plot of S of equation (15) for different values of a is given in Fig. 3. From 
this plot, it is observed that the minimum value of S is 0.935 and it occurs for a=0.293 
and also for a = 1.707. The element values of equation (9) for these two values of a 
are given in Table 1 and it is observed that the higher value of a ( = 1.707) gives smaller 
capacitances in the network. 


Case 2 


In this case, two finite poles are at $ --and s « 


of y 2 ». 


Dividing the numerator and denominator of T(s) of equation (1) by ^ 
the two ^parameters are obtained as given below. 
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Fif 3 

Plot of S for different values of a 


Table 1 

Element values of equation (9) 


Elements 


Element values 


Ri 
R i 
Rd 

*4 

C, 

Cj 

c, 

c 4 


a=0.293 

0.0464 r ohm 

0.5400 r ohm 
1.7050 r ohm 
0.8600 r ohm 
80 farad 

0.5 farad 

I farad 

I farad 


a-1.707 


2.555 r ohm 
0.872 t ohm 
0.295 r ohm 
3.414 r ohm 
0.895 farad 

0.500 farad 

0.995 farad 
1.002 farad 
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For y 2 % to be an R~C admittance, 


2 — \/3<a<2-fV3 

and 

b>2+\/3 (17) 

Following Guillemin’s procedure, the network is synthesized from (/-parameters of 
equation (16) and the network thus realized is shown in Fig. 4. The values of the 
various elements of the network are as below. 



Fig. 4 

Network realised by synthesis 


1 (15 + a 6 — 4 a — 4 fc) 

(a + h - 4\* 

n _ \ *4 ) 

* (4a+ 46 — 15-a6) 

D .1 

* 

L'v. 

(4 a A — a—6) (a + 6 — 4) — (a 6 — 1)*. 
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Ci = 


abX 

D = _ _ 

^ (4 a & — a — fc) 2 

a 6 

(15 + a A — 4 a — 4 A) 2 r Lp 


C, — 


(4 — a — 4) 

rLp 


( 18 ) 


C, 


(4 ab — a — b) P 
(4 a A — a — A) {(4 a A — a — A) (a + A — 4) — (a A — l) 2 } r L a 


C« = 


X s 

(4 a A — a — A) T L a 
a* A* 


where 


X = 4 a A (a + A) — (a + A)* — a A (a A - 1) 

P = (a + A)* + a A (a A + 14) — 4 (a + A) (a A + 1)+ 1 

X 




4= 


(4 a A — a — A) (a + A — 4) — (a A — l) 2 + X 

(4 a A — a — A) (a + A — 4) — (a A — 1)* 

' (4 a A — a — A) (a + A —4)—(a A— I) 2 + X 


The transfer function of the network of Fig. 4 is found to be 

s 4 (Ki «2 *s K Q C 2 C 8 C 4 )+5 a R 6 C 4 Gaea* R 3 C 2 +R 1 R 3 C 2 +r 3 q+ 

T( \ — ^1 CO-fs 2 (/?s C 4 Q (/? 1 +/? 2 4-/?8+/? 4 )+5 (/?5 C 3 +/?6 C 4 +/? 4 C 8 )+ ) 

7(s) ~ ' Denominator 

where the demominator polynominal is of 4th order in s. 

The numerator and denominator polynomials of equation (19) are quartic in s 
Since the transfer functions of equations (19) and (1) refer to the same network of Fig. 4, 
the numerator and denominator polynomials of equation (19) should be quadratic in s 
and so they have a factor of the form (s 2 + p s + q) in common. Thus, transfer function 
T(s) can be written as 

(s 2 -f ps -f q) (s* + d) _ 


r(s)~ 


or, 


(s a + p s + q) (Remainder of denominator) 
T(s) -- 


( 20 ) 


( 21 ) 


(Remainder of denominator) 

Comparing the coefficients of the numerator polynomials of equations (20) and 
(19), d is found to be 

j _ (ft» C 8 + R s C 4 + Rj C$) _ 

d ~ R, C, C| (Rg R, C, TKR* C, + Rx R f Ci + /?! Ra Q 


( 22 ) 



ADVANI & KESAVAN: SYNTHESIS OF AN A.C. LEAD TRANSFER FUNCTION 47 


Comparing the numerator polynomials of equations (21) and (1), the notch fre¬ 
quency Wt ~ ^ is found to be 

P_ (ftg C 3 + /?s C 4 + Rj C 8 ) _li 

^ * L«5 C 3 C 4 (R 2 «3 c t + /?! /? 8 C 2 + R, R* C x + R x /?, QJ 

The overall sensitivity of the notch frequency w 0 , with respect to the elements in 
equation (23) is found to be 

[(i + C~ + i£c<) {R * (R * c * + *• c > + R *+ R * c * + R i W + 

/ R 2 (R 2 C 2 + Ri Ci + Ri Ci) 2 + Ci (R x R 3 + Ri R 2 ) 2 + 

, J C,*(«a/?8 + /?i/?»)*}] 

^ 2 w 0 \ 


t (/?2 R* c a + R t R 3 C t + Ri R s Ci + Ri R t Cj) a ] 


+ 



[i + i (' + r) +2 («fc 4 ) 

* 

i 

[(£ + c. + k 

-£r ^ (R z R 2 C 2 + R s Ri C 2 + Ri R 3 

Ci + Ri R 2 Ci) 


) 


(24) 


The values of the various elements from equation (18) can be substituted in equation 
(24) and the expression for the (overall sensitivity) 2 be obtained in terms of a and b . 

For various values of a and A, the values of S are found out and the results are 
given in Table 2. 

From Table 2, it is observed that the minimum value of S occurs for a = 0.27 and 
b = 3.75 and its value is 0.371. 


Table 2 

Calculated values 


a*= 

0.3 

| a=0.27 

b 

S 

b 

S 

10 

0.870 

10 

0.740 

6 

0.751 

6 

0.770 

4 

0.675 

4 

0.392 

3.75 

0.372 

3.75 

0.371 
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4. Conclusions 

It is observed that the overall sensitivity of the network Realized in case 2 is much 
better than that realized in case 1. The overall sensitivity of network given in Fig. 4 is 
improved by a factor of 3.81 as compared to the original twin T-network of Fig. l(i). 
This network, of course, contains four more elements but since the resistance and capa¬ 
citances are fairly small in size, the additional four elements give negligibly small 
increase in weight, also the increase in the cost would be very small since these com¬ 
ponents are fairly cheap. 

There is a good scope of further work on this topic. A couple of other synthesis 
procedures could be followed and still lesser values of overall sensitivity could be found. 
Even the general procedure, as presented by Schoeffler, 6 for obtaining equivalent net¬ 
works could be followed for obtaining the minimum sensitivity. 
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Summary 

v4 nett) type of emitter-coupler multivibrator, having simply a condenser 
in the base circuit , /ias been designed and the performance behaviour 
discussed on the basis of the circuit conditions which make the two transistors 
alternately conducting and non-conducting . The expressions for the time 
period for quasi-stable states in which transistor X\, conducts and transistor 
X 2 , is cut off and vice versa, have been developed by taking the charging of 
the base capacitor due to forward base current and its discharge due to the 
reverse base current . The circuit is capable of generating fairly suitable 
symmetrical and asymmetrical rectangular waveforms of quite small rise 
and fall times, as the signal at the collector of one transistor is not directly 
involved in the regenerative loop and hence, no integrating effect is present in 
the collector . 

L Introduction 

The use of satisfactorily shaped rectangular waveforms is well known. Conven¬ 
tional type of multivibrators 1 ” 8 * 12 ' 14 do not give rectangular waveforms of good 
shapes due to the influence of cross-coupling capacitors. The integrating effect of the 
cross-coupling condensers lengthens the rise and fall time of the waveforms. There 
are, however, several methods of reducing the integrating effects ; 7-u but in all these 
cases, improvement can be achieved at the cost of the simplicity of the circuit, 
Rokavich 11 realized the importance of the design and study of simple transistorized 
multivibrator giving fairly suitable rectangular pulses. He used an emitter-coupled 
multivibrator having in the base circuit a R-C combination in parallel. In this type 
of multivibrator, the charging of the condenser takes place due to forward base current 
during conduction period of the transistor. The discharge of the condenser, however, 
mainly takes place through the resistance connected across it. 

The purpose of this paper is to describe a simple type of mlultivibrator, having in 
the base a condenser for the generation of rectangular waveforms having sharp rise and 

* Written discussion on this paper will be received until March 31,1966. 

This paper uku received on May 11,1966. 
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fall times. Moreover, in this circuit, the integration effect is absent, because the 
signal at the collector of one transistor is not directly involved in the regenerative loop. 

2 . Description and performance 

The multivibrator circuit is shown in Fig. 1. The emitters of the two transistors 
are connected to the positive terminal of a battery through a resistance, The base of 
transistor X lt is connected through a condenser C Xt to the negative of the battery. 
The base of transistor X x% is connected to the collector of transistor X Xt through a 
condenser, C 2 . The collectors of the two transistors are connected to the negative of 
the battery through resistances, R x and R 2 * 



Fig, 1 

Circuit diagram of the multivibrator 


The performance behaviour may be understood by taking any one transistor, X Xt 
say, conducting. In this quasi-stable state when Xi conducts, its base current charges 
Ci, and during this period X 2 remains cut off. The condenser C 2 , discharges due to 
reverse current through R x and R%. The moment the base voltage of X t becomes 
equal to the common emitter voltage, it starts conducting. If the emitter current of the 
second transistor is greater than the first transistor at t ** T Xt the common emitter voltage 
will drop and will therefore instantaneously render the first transistor non-conducting* 
This termination will result in the removal of the voltage across R x due to the collector 
current of X x and as a result of this, the base voltage of X% will fall instantaneously. 
During the conduction period of X 2 , condenser Ci discharges through R x due to the 
reverse current of X x and when its base voltage becomes equal to the common emitter 
voltage, transistor X x starts conducting. The voltage fall across R x increases the base 
voltage of X%, rendering it non-conducting. 
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The circuit is designed such that the transistors do not saturate when conducting. 
Otherwise, a noticeable distortion in the flat tops of rectangular output pulses will result. 


3. Determination of frequency 

In the quasi-stable state when transistor X\ conducts and transistor X 2 is cut off, 
the following equations can be written in connection with the charging of capacitor Ci, 
through the forward base current. 


— E + R e i el + | i*i dt + V 1 = 0 

*1 ~ (1 a ) 1«1 hoi 


( 1 ) 

( 2 ) 


where i el is the emitter current of X v ij the base current of X j, a the current gain, 
hoi the reverse base current of X\ 9 and V\ the voltage across Cj at the instant X\ starts 
conducting. 


Eliminating ^ from equations (1) and (2), we get 


di e i I (1 . hoi 

dt ^ C 2 R e lel CiR e ~~ 


(3) 


The solution gives 

i*-^ a + Ke-k 

where 

= fth (5) 

The value of the integrating constant K t can be found from the following condi¬ 
tions : 

( — E + V \) == Voltage at the base of transistor X\ at / = 0 
At / = 0, 

. _-E+J t 
' R t 


neglecting the emitter base resistance in comparison with R t during the conduction 
of X v Just at the instant of the start of conduction of X\ 9 when the base voltage be¬ 
comes equal to the emitter voltage, the potential fall across R e may be given by (— E 
+ Vi) and 

; _-e+v ; 

u - K 

Therefore, 

(*«l)f~0 ^ h% (6) 

where h% is the emitter current of transistor X 2 when this transistor is conducting. 

Substituting this condition in equation (4), we get 

hoi 
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Hence, 

. _ /«! j _ (T U \ '- 

' el ~ I - a + \ * 1 -aj* T ' 


( 7 ) 


During the conducting period, the collector voltage of transistor X x , may be written 
as 

“-£ + (« u - U *, = -£ + « R, , 7 ^ a ) + (/*-, 7 “ l a ) e-r,} 

-/«./?! ( 8 ) 

The voltage at the base of X 2 may be given as 

Vbx - Vkx + (V 4 - U c) (°) 

where V\ is the voltage across C 2 at the instant transistor X 2 stops conducting. 

The charging of C x (or, conduction of X x ) will terminate at the instant, / — T, 
when Vq 2 becomes equal to the common emitter voltage R eX where 7\ is the 

time during which X\ conducts, or, % 

- E + « R, 7 ^ a + (/„ - e4;J - u R t + y 3 = - R' (/„),,n (10) 


where F 3 is the voltage across C 2 at the instant when transistor X 2 starts conducting 
and may be given by 

— E + hoi Ei + R c hi = — Ka ( 11 ) 


Simplifying equation (10), we get 

(*«■+«•) 


r x = r x log 


£ _ a + El /c< 


/?, a 


4, 

I—a 


( 12 ) 


For 7^ to be positive, the numerator of equation (12) has to be positive and hence, 
the necessary condition for oscillation is given by 


hi > 


hoi 

l a 


* 


In the second quasi-stable state, when transistor X 2 conducts and transistor X\ 
is cut off, condenser C\ discharges due to reverse base current of transistor X v The 
voltage at the base of transistor X x (during the discharge of C x ) at any instant is given 
by 
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where V% is the voltage across Cj at the instant when Xj stops conducting and is given 
by 

- V* = -E-(V b iW, 

or, 

E + R e 0‘ei)f*7 , l (14) 

The moment the voltage at the base of transistor X\ becomes equal to the com¬ 
mon emitter voltage, the discharge of Q will terminate, after time T 2 > say f.e., 

-E+V,-!*g*~-R.U (15) 

From equation (14), w f e get 

(,6) 

Hence, the frequency of oscillaton is given by 

' r, + r, 

or. 


/ = 


log 


I 

' D „ / ' / Vr2 ‘ 

1/ a * col *Cl 


Rc ho\ 


+ Ri /„ 


1 -a 


1 col 


Uel)t -Tl } 


(17) 


4. Experimental results 

b or illustration, the results obtained with the designed multivibrator using transis¬ 
tors 2SAI5 (OC 44 type) and having the component values as given below, are described. 

R\ = 32 kilohm, R<. = 22 kilohm, R 2 = 10 kilohm 
C y =■ 75 picofarad, C 2 = 0.1 microfarad 
E = - 15 volts 

The transistor parameters used are : 

a# “ 100, / a = 15 megacycles per sec., I co = 0.7 micro-amp. 

Fig. 2 gives the waveshapes of the multivibrator at different points. The waveshape 
obtained across R 2 is of special interest, as a rectangular waveform is obtained. The 
frequency of oscillation, as calculated with the help of the derived equation (17), using 
the transistor parameters, comes outf to be’ 1.5 kilocycles per sec. The transistor para¬ 
meters listed above give the rise time for the transistor to be 2.8 micro-sec. The photo¬ 
graphs of the waveform taken with the help of a high speed cathode ray oscilloscope 
gives the rise time as 2 micro-sec. 

The experimentally observed and calculated values of T x and T a , for different 
values of C, are given in the table and the corresponding waveforms are given in Fig. 2. 

A comparision of the values indicate that the calculation of 7\ and T t with the 
help of the derived equation is in close agreement with the observed values. 
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(i) 


(») 

Fig. 2 

Waveforms across R 2 for different values of C t 


(iii) 


Calculated and observed values of 7\ and T 2 in milli-sec. for 
different values of C x 


R et kilohm 

Ri t kilohm 

Ci, pico¬ 
farad 

Tv 

milli-sec. 

(calculated) 

T», 

milli-sec. 

(calculated) 

Tv 

milli-sec. 

(observed) 

Tv 

milli-sec. 

(observed) 

22 

32 

75 

0.379 

BH 

■Rl| 

JP§| 

22 

32 

100 

0.505 




22 

32 

150 

0.758 

■JMtjl 1 

0.760 

0.540 

22 

32 

300 

1.516 

mi 

1.520 

1.060 
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REPORT OF THE PAPER MEETINGS IN THE ELECTRONICS AND 
TELECOMMUNICATION ENGINEERING DIVISION AT THE 
FORTY-SIXTH ANNUAL GENERAL MEETING, PATNA, 
JANUARY 30-FEBRUARY 6, 1966. 

Brig. M. K. Rao, B.Sc., B.Sc. (Eng,), M.A., A.C.G.I., Chairman of Elec- 

tronics and Telecommunication Engineering Divis.on opened the proceedings by 
delivering the Divisional address, and also presided over the proceedings.* 

ADDRESS OF BRIG. M. K. RAO (M.), 

CHAIRMAN, ELECTRONICS AND TELECOMMUNICATION ENGINEERING DIVISION 

‘I welcome you to this meeting of the Electronics and Telecommunication 
Engineering Division. 

1 would like to speak on ‘Satellite Communication’ which has been playing a 
sensational role in the long distance communication. It has a tremendous future in the 
years to come. 

Historical background 

Microwave has helped a great deal in the communication of signal. In a recent 
Bell system microwave relay, 11,000 simultaneous two-way telephone conversation in a 
500 megacycles per sec. band has been possible. But for the transmission of microwave 
signal, a large number of relay stations are needed. Long distance communication, 
paiticularly over oceans, becomes, therefore, difficult. Transoceanic communication, 
has, theiefore, been restricted to cables. For television broadcasting, an equivalent of 
600 voice-circuits is required which is almost the same as the radio and cable facilities 
available across the Atlantic now. Arthur C. Clark was the first to express his ideas on 
satellite communication in 1945. Satellites will enable microwave signals to be commu¬ 
nicated over long distances and provide large capacity for television transmission. 

The first effort to use a satellite for communication was the use of the Moon. This 
was achieved in I960 between Hawaii and Maryland in the U.S.A. The next attempt 
was to place a passive reflector satellite and use it for communication. Echo 1, launched 
on August 12, 1960, was a 100-ft. baloon, made of aluminized ‘Mylar Polyster*. It 
had 98% reflectivity and could reflect energy at frequencies up to 20,000 megacycles 
per sec. Using Echo I, communication was established between New Jersey and 
California. Other passive reflector satellites have also been used. The first satellite 
using a relay equipment was launched on December 18, 1958. It relayed the Christmas 
message from President Eisenhower. Many attempts have been made by various 
agencies to put satellites on orbit for communication purposes. All these fall into two 
categories : some relay signal directly, others are delayed action repeaters. The latter 
type receive messages transmitted from a ground station, store it on tape and re-broad¬ 
cast when passing over a second ground station. 

So promising was the use of satellite for communication of information that the 
American Telephone and Telegraph Co. spent 50 million dollars to put Telstar I in 

*The Paper Meetings in the Electronics and Telecommunication Engineering Division commenced at 
12.00 noon on February 1, 1966. 
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orbit on July 18, 1962. It was a 34.5 in. diameter electronic pack that connected the 
Western Europe and the U.S.A. by television for the first time. A similar satellite, 
called ‘Relay’, designed by N.A.S.A. and R.C.A., was sent up on December 13, 1962. 
Both Telstar and Relay operated in real time. 

Satellite orbits 

We know Earth satellites take near about 100 min. to go round the Earth once. 
The Moon takes 23 days. So, in between, it is possible to find an orbit where a satellite 
can orbit in a day. This orbit is at 22,300 miles above the equator. Such an orbit is 
called a ‘24~hr. orbit’, ‘stationary orbit’ or ‘synchronous orbit’. Three satellites are 
required for global coverage. The ideal launching sitei for the synchronous orbit is a 
place on the equator. Such convenient sites are not available for the U.S.A. 
If launched at 30°N., the plane of the orbit has to be turned 30 when the satellite 
crosses the equatorial plane. Other techniques also exist, but all these are complicated. 
Again, much larger power is required to boost a particular size of satellite to a height 
of 22,300 miles than to the orbits at smallei heights. 

Equatorial circular orbits of lower altitude have been suggested at heights giv ng 
6 hr. and 8-hr. orbits. T he launching r f satellites on such orbits require less power 
and thus are less costly. In such a case, however, a large number of satellites are 
required for continuous communication. These orbits are ol many types : 

(i) Equatorial circular orbit; 

(ii) Polar circular orbit; 

(iii) Inclined circles ; 

(iv) Equatorial elliptical orbit; and 

(v) Inclined elliptical orbit. 

Elliptic orbits are advantageous when particular parts of the earth are required to be 
covered. The orbit has to be such that at perigee it is nearest to the region to be 
covered. The main disadvantage of an elliptic orbit is to achieve altitude stabilization. 
It is necessary that the satellite is aligned with respect to the radius vector of the earth 
and stay aligned so that the radio energy can be directed towards earth and not wasted in 
space. With a circular orbit, this condition once established will be maintained. 

Choice of frequency 

The choice of frequency is a complex problem. The transmission should be capa¬ 
ble of penetrating atmosphere, ionosphere and plasma round the earth in its two-way 
journey and still should have good signal-to-noise ratio. It is well known that absorp¬ 
tion of electromagnetic energy by atmospheric gases increases at frequencies greater 
than 5,000 megacycles per sec. The lower end of frequency spectrum will be the 
minimum frequency that can penetrate the ionosphere. The lowest frequency has to 
be greater than 100 megacycles per sec. 

Noise plays a very important part in receiving information. These are of two types : 

(i) Receiver noise; and 

(ii) External noise. 
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The effects of receiver noise can be reduced, using microwave amplifiers like para¬ 
metric amplifiers, masers, etc. External noise is mostly galactic and cosmic that vary 
in the different parts of the sky. The noise from the sky varies, at 10°K. to 1I0°K., 
in the range of 1,000-10,000 megacycles per sec. The noise from the Sun is excessive 
and should be avoided. 

Power supplies 

Provision of power to equipment inside a satellite is a major problem. The criteria 
which is often used to specify the suitability cff a particular type of power supply is the 
‘weight-power ratio*. Further, the power supply should withstand launching shock, 
radiations and other space conditions. 

It is desirable to use direct methods of energy conversion. Some of these are 
given below. 

(i) Seebeck effect: this can be used for generating power. Recent advances 

in semiconductor materials has considerably improved the efficiency of 
the system. It is possible to get 200 volts per degree at an efficiency 
of 14°,,; and 

(ii) Fuel cell : in the fuel cell method, hydrogen atom is made to react with 

oxygen to give power. This is the reverse process of electrolysis of water. 
To get useful power and efficiency, steps must be taken to speed up the 
reaction at each interface and remove water which is the product of 
reaction in order to prevent dilution of electrolyte. A single fuel cell 
produces 1 volt open-circuit power at 60-70°,, efficiency. Connecting 
fuel cells in series, a battery to produce sufficient power can be made. 
In this case fuel and oxidant have to be carried, thus consuming a lot of 
space. A regenerative fuel cell, which is a closed cycle system where 
fuel is regenerated, will make this system more effective. 

Solar energy 

Photo-voltaic effect can be used to generate power. With the advent of semi¬ 
conductors, a higher efficiency of power generation is possible to be attained. GaAs 
(Gallinum assinide) gives an efficiency of 15° 0 . About 20,000 cells are necessary to 
produce the required power in a satellite. 

Nuclear energy 

The nuclear reaction produced by unstable nuclei have the advantage of a long 
operational life. The reaction generates heat which is used as primary energy for gene¬ 
rating power through thermo-electric generators, mercury turbines and various other 
methods. The main disadvantage is the fouling of the space by the products of 
reaction. Since all the power sources generate D.C., inverters for generating A.C. are 
necessary. Inverters to give 400 cycles per sec. at 115 volts providing 500 watts from a 
22-29 volts D.C. have been made that work at an efficiency of 70%. 

Reliability 

Reliability of components and systems is a very important requirement in a satellite. 
The components are, therefore, specially made. The worst hazard is the effect of 
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radiations and particles in the space. The Van Allen belt is the source of worst hazard. 
This layer stretches between 500-600 km. with a maximum penetration up to 3,000 km. 
It consists of very high energy particles that can cause damage to electronic components, 
solar cells, etc. These particles also produce secondary radiations such as hard X-rays 
and rays that have a great damaging effect. 

Economics 

It is well known that putting satellites into orbit and establishing communication 
through them is a very costly project. Sb, any attempt made in this direction has to be 
looked carefully into the economics of the system. The growth of transatlantic tele¬ 
phone and telegraph traffic has been so good (four-fold in 10 years) that there is a 
promising scope, but one cannot be over-optimistic. There is also the additional 
requirement of capacity for television, fascimile, etc. But here a warning is worth 
giving. Unless the transmission is required to be done in real time, satellites do not 
provide any advantage because within a few hours jet aircraft can transmit on tape at a 
much cheaper cost. However, on a long term view, a closed circuit telephone-vision 
may prove as a rival to personal visits. Then satellite communication will play a big 
role. 


The American Telephone and Telegraph Co. has put a cable in 1963 which costs 
27,000 dollars per year per voice channel. According to estimates of Mueller, the cost 
per voice channel per year with an active satellite system on a 24-hr. orbit is about 
13,000 dollars. The present estimates are that about 100 million dollars will have to be 
spent on transatlantic cable. The development cost of launching of satellite will cost 
about the same. So, satellite system cannot be justified on lower cost in establishing 
higher capacity. The case is founded rather on the greater growth potential, flexibility 
of expansion in area of greatest requirement and on the wider social facility which 
satellites will provide. 

Future trends 

It is fairly certain that by the end of this decade, a satellite communication system 
will operate. If the satellite transmitter power is of the order of 10 watts, it will be 
able to handle 600 telephone channels or one television channel. Extension of life of 
satellite will ensure lower launching cost. A life of 5-10 years will reduce the system 
cost to one-half. 

Two possible sources of higher power are solar and nuclear ; the SNAP 8 nuclear 
system can provide 60 kW. The dissipation of heat produced by this power system 
puts very exacting requirements in the design of the satellite. 

By 1970, high power satellites are possible. The capacity then can be increased to 
27,000 two-way voice channels. By 1970, the requirement will be about 6,000 voice 
channels. Thus, there remains sufficient extra capacity for expansion. 

It takes 75 days to place a satellite in operating position. To maintain a sufficiently 
high probability of uninterrupted service a higher order of redundancy in satellite and 
repeaters must be provided for. 
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With technological advance, it is possible to get radiated power of megawatts from 
satellites thus giving a greater channel capacity. Because of limitation of antenna size, 
the area covered now is large. It is possible in future to service smaller areas with 
greater signal intensities. 

At present, only industrially advanced areas around the Atlantic can economically 
be served by satellite communication. By 1980, it is hoped that even smaller nations 
can use this service/ 
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WAVEFORM ANALYSIS OF E.D.A. SOLUTIONS AND DETERMINATION 
OF DESCRIBING FUNCTIONS WITH THE VECTORMETER* 

B. N. Nityanandan 

Non-member 

Electrical Engineering Department , Thiagarajar College of Engineering , Madurai 

Summary 

This paper presents an experimental method for accurate analysis of 
waveforms representing solutions of linear and non-linear systems obtained 
on a repetitive differential analyzer. The method proposed is also shown to 
be useful for the direct evaluation of ‘describing functions for non-linear 
characteristics , commonly encountered in control systems. The method pro¬ 
posed envisages the use of a less-used instrument designed by Koppelmann 
(1948). The design considerations for the circuitry needed to adopt this 
equipment in the present case , are also discussed. 

1* Introduction 

In a repetitive type electronic differential analyzer, the solutions of linear or non¬ 
linear equations are repeated at a frequency determined by the signal repetition rate. 
In typical cases, the solutions come out in the form of unsymmetrical periodic waves. 

There exist many methods for measuring and recording such waveforms. Servo- 
driven pen recorders and cathode-ray oscilloscopes with photographic arrangements 
may be cited as typical examples. 

This paper proposes an alternative method for recording and analyzing such wave¬ 
forms. The method is based upon an extension of the range of applicability of an 
instrument, termed ‘vectormeter’, first designed by Koppelmann (1948). 

For servo-driven or mechanically driven recorders, the effective bandwidth is 
extremely small, usually up to 5 cycles per sec., and is, therefore, of limited usefulness 
in such applications where higher frequencies are encountered. 

Photographing of a waveform from an oscilloscope and its subsequent analysis is a 
time consuming process. Errors can enter in the recording of the wave, for example, 
through optical errors or on account of changes in photographic material during develop¬ 
ment. These errors are troublesome since it is difficult to control them. 

The vectormeter is a precision universal measuring instrument of the moving coil 
type combined with a contact rectifier driven by a synchronous motor. The mechanical 
arrangements in the vectormeter enable the contact period to be varied to any value 
between 0° and 360°. Also, the instant at which the contact is made can be adjusted 
arbitrarily with respect to the phase position of the measured quantity over the range 

* Written discussion on this paper will be received until July 31,1966. 

This paper urn received an April i, 196$. 
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from 0 8 to 360°. These basic properties of the vectormeter are made use of in obtain- 
mg the waveforms of the solutions of differential analyzers. The non-linear compo¬ 
nent s output generally contains the fundamental and a few harmonics. By a proper 
choice of the contact period, the effect of the predominant harmonic of the output of the 
non-linear device is eliminated and the describing function of the non-linear device easily 
determined with the vectormeter. 

Errors caused by the inherent limitations of the vectormeter, are predictable and 
can be compensated for. The major disadvantage, however, lies in not having any 
visual presentation of the solutions which have to be obtained, instant by instant, in a 
tabulated form. Yet another advantage of the vectormeter is that the harmonic contents 
of waveform may be obtained directly from instrument readings, although this is 
restricted to cases where the other harmonics are considered negligible. 

2* Adaptation of the vectormeter 

2.1. General remarks 

In this past, the instrument has been used for the measurement of waveforms of 
voltages .obtained from relatively high-power sources. For analysis of periodic wave¬ 
forms obtained from networks at low-power level, as in the present case, it becomes 
necessary to adopt a circuit arrangement as shown in the block diagram of Fig. I. 


H 



Fig. 1 

Circuit arrangement of a vectormeter 

The frequency range for which the synchronous motor of the vectormeter is opera¬ 
tive is 15-80 cycles per sec. For correct measurement of waveforms, the frequency of 
the quantity to be measured must be equal to or an exact multiple of the frequency of 
the voltage driving the synchronous motor. When the fundamental frequency of the 
measured quantity is within the operative frequency range of the motor, it is advantage¬ 
ous to drive the synchronous motor from the same source, instead of having a separate 
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variable frequency supply for driving the synchronous motor. If, however, the frequency 
of the measured quantity exceeds this range, then this arrangement does not hold good 
and a variable frequency supply for driving the motor becomes essential. 

The power amplifier A 2 (Fig. I) provides the voltage and power amplifications 
necessary for driving the synchronous motor (90 milli-amp. at 230 volts, 50 cycles per 
sec., 8 watts) from the usual low-power source of the differential analyzer (3 milli-amp. 
at i 100 volts). The potentiometer P 2 , helps adjustment of the desired voltage at the 
output terminals of A 2 . The filter has to be incorporated for the obvious reason of 
passing only the fundamental wave to the driving circuit. 

The amplifier A x in the measuring branch serves to isolate the vectormeter measu¬ 
ring circuit from the low-power network, in addition to providing amplification when 
necessary. 

2.2. Design of circuits 

Circuit diagram for amplifier A 2 is shown in Fig. 2(i). The amplifier is designed to 
have low-pass characteristics (0-1,000 cycles per sec.). It is a two-stage degenerative 
amplifier with 6L6 tubes used in the push-pull power stage. For the 6L6 push-pull 
output transformer, the output impedance has to be as high as 8,000 ohms to give 230 
volts output. But the impedance of the vectormeter motor is about 2,600 ohms at 50 
cycles per sec. Hence, when the synchronous motor is switched on to the amplifier, 
despite negative feedback, there is considerable drop in the output voltage. It is 
observed that when a condenser of suitable value (1-2 microfarad) is used across the 
output of A 2 as shown, the drop is considerably reduced and it is easy to obtain 230 
volts at the output with the synchronous motor load on [Fig. 2(ii)]. 



<i) 

Fig. 2 (contd.) 
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(ii) 

Fig. 2 

Circuit diagram and load characteristic at 50 cycles of amplifier A, 


The filter which has to be designed to have a passband of 15-80 cycles requires a 
high impedance choke in the L-R-C circuit shown in Fig. 3(i). The frequency response 
characteristic of the filter is shown in Fig. 3 (ii). 

The measuring circuit amplifier A 2 has to be a wideband audio frequency ampli¬ 
fier, with a bandwidth of 0-1,500 cycles per sec. and having almost the same phase- 
shift within this bandwidth (Fig. 4). Proper impedance matching at the input and 
output stages has had to be realized. Although a cathode follower could have been used 
for this purpose, the output of the cathode follower would be too small to enable effective 
measurment. The circuit of A 2 is similar to that of A 2 and differs from it in two ways : 
(i) the output transformer in A 2 has very low output impedance, (ii) the amplifier A 2 is 
essen-tially an jR-C coupled amplifier. A square wave input would be distorted to the 
extent that its flat top would become exponentially drooping. For this reason, the 
coupling capacitors are made large in value, so that the time constant of of the /?-C 
coupling (more than 5 sec.) is made large enough compared to the time period (50 
milli-sec.) of the minimum frequency encountered. 
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330K 254 H 



Frequency, cycles per sec. 


(ii) 

Fig. 3 

Circuit diagram and frequency response characteristic of L-R-C filter 

3. Waveform analysis of repetitive differential analyzer solutions 

Typical set-up for a second order differential equation on a differential analyzer, 
built in the Bengal Engineering College, Howrah, is given in Fig. 5(i). 610 Fig. 5(ii) gives 
a photographic record of the solution of the'system with rectangular repetitive pulses 
for its input. The pulse width is chosen to be greater than the solution time of the 
differential equation. In many applications, such as in synthesis of control systems 
and networks, it is important to be able to have a quick knowledge of the magnitude of 
the peak overshoot and time to peak overshoot, and the zeros of the solution. The 
vectormeter affords a ready means for accurate ascertainment of these quantities. The 
details of obtaining the point-by-point plot is outlined in Appendix 1. 

A comparison of the waveform obtained with the vectormeter and the photographic 
record of the oscillographic solution is shown in Fig. 5(iii). An analysis of error is 
given in section 5. 



Gain 
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4. Evaluation of describing functions 

In control system analysis, frequently, components having non-linear transfer 
characteristics are encountered. A widely used technique known as the ‘describing 
function* method 13 takes account of the effect of presence of such non-linearities by 
replacing the non-linear characteristics with an equivalent quasilinear model. In short, 
this concept assumes sinusoidal input to the non-linearity and considers only the funda¬ 
mental component of the output. The neglect of harmonics is justified on the grounds 
of low-pass characteristics that usually follow the non-linearities in such systems. The 
describing function which is defined as the ratio of the fundamental amplitude of the 
output to the input amplitude, is a complex quantity and is, in general, a function of 
both the frequency and the amplitude of the input. The describing function values for 
the non-linearity are then used for the study of stability of such systems. Determination 
of describing function then necessitates simultaneous measurement of the amplitude 
and relative phase shift of the fundamental output and the input for different amplitudes 
of the input sinusoid. 
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Waveform analysis with differential analyzer 


The vectormeter offers an excellent method of rapid determination of the descri¬ 
bing functions experimentally. For most commonly encountered non-linearities such 
as saturation, hysterisis and backlash, for which analytical determination is relatively 
simple, the vectormeter does not seem to offer any special advantage. But, for non¬ 
linear characteristics which are expressed in terms of implicit or regular functions 1,7 
such as multiplicative non-lirtearities and others or are specified graphically, the analy¬ 
tical determination may be difficult* In Such cases, the non-linearity may be simulated 
with the help of function generators and computer elements and the waveforms and the 
harmonic contents may be att|Jy2ed with the help of the vectormeter. Although the 
above remarks refer to cases vihere the vectormeter may be used to advantage we shall 
illustrate the technique by using * non-linearity for which the analytic method of finding 
the describing function may I* referred to for comparison. 

Fig. 6(i) shows photograph record of a soft spring type non-linearity, simulated 
on a diode function generator'; The output of non-linearity for a sinusoidal input, is 
shown in Fig. 6(ii). The waveform of the output of the soft spring non-linearity, 
one obtained analytically and die hy point-by-point method using the vectormetei 
are given in Fig. 6(iii). The dlectof the&nite contact period is to round off the curve 
at places where comparatively abrupt changes take place. The abrupt changes corres¬ 
pond to high frequency components and as far as the describing function determination 
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is concerned the high frequency components can be neglected since that is the very 
essence of the describing function technique. This apart, the experimentally deter¬ 
mined describing functions are compared with analytical values in Fig. 6(iv). Details 
of the experimental method for determining the fundamental and third harmonic of the 
output are outlined in Appendix 2. The method for determining the phase shift of 
the output wave is also explained in Appendix 2. 



Fig. § (oonid.) 




normalised describing function _ Volts 
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(iii) 


> 



(iv) 

Fig. 6 

Photographs and curves for determining soft spring non-linearity waveform by vectormeter 
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5. Error analysis 8 * 914 

In the vectormeter method of measuring an unsymmetrical waveform with short 
contact period, a small area of the waveform is integrated in the neighbourhood of an 
instant and this is assumed to give tfie value of the function at the particular instant. 
If the contact period could be reduced to very small values, then, the measurement 
would be accurate. In practice, however, the contact period cannot be reduced to be, 
say, less than 10° and this finite contact period would cause error in the measurement. 
The peaks would not be sincerely reproduced by the vectormeter. A knowledge of the 
error caused by the finite contact period for various harmonics will enable us to specify 
the utility of the method of measurement of waveforms with predominant higher harmo¬ 
nics. In this section, the error in the measurement of various harmonics for a general 
function is discussed, and an expression for the r.m.s. error, an important index for 
specification of accuracy, is given in terms of harmonic coefficients and the contact 
time. 

Any complex function can be split up into a Fourier series of the form and can be 

ao 

represented as F(0) — ^ a r sin (r 0 4* <* r ) \ r — 0 represents the D.C. component and 

r-0 

it can be shown that the error in the D.C. component is zero. Hence, taking values 
r = I to CQ, if F(0)= a r sin (r 0 + o f ), the instantaneous value as measured by the 

' r» I 

vectormeter at any instant 0j [Fig. 7(i)] is given by 

6i+P 

F(0i) = Yp I ^ a* sin (r 0 + cr r ) d0 
^ J r-\ 

e l -p 

where 0! can take any value from 0 to 2 rc. The coefficient of nth harmonic, calculated 
from vectormeter readings, is then given by 

2n d+P 

= n j e ~ in6 2$ j ^ a, sin (r 0 + a,) JB dti 
0 0-B 

which simplifies to 

L a n sin p n < , . 

K = — YpT “■ ^ cos ° n + 7 Sln G ^ 

i‘.i 

-"if") - «• 

where 4, is the true coefficient of the nth harmonic, and b n the nth harmonic coefficient 
as determined by vectormeter. 


Percentage error in magnitude = ^ 1 
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f _. Thl ® an «ly«* shows that the error is small, if the contact period, 2 p, is kept small 
[Fig. 7(i)J. Fig. 7(ii) shows the variation of error with n (3 calculated theoretically. 
The variation of error with n P calculated from vectormeter readings for the solution 
of second order differential equation is also shown for comparison. 






(n) 

Fig. 7 

Curvet far tmr analysis 
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For a finite value of contact period, 2 P, the error in the value at any instant, t - 


is given by 


n I 


The root-mean-square error is 




which simplifies to 


The r.m.s. value of the function is 
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Hence, the percentage r.m.s. error is 


2 /, sin P\ 2 , /, sin 2 P\ 2 2 /. sin 3 P\ 2 , “H 

■* (' --, )+"=■ (' 7Fj + - " 3 p J +. 

' a x * + a 2 2 + a 3 2 +. 


x 100 


This also leads us to the conclusion that the overall error is small, if the contact 
period is kept small. , 

6. Conclusions 

Koppelmann, Hollufer and Funk had previously used the vectormeter for measure¬ 
ment of current, voltage, power and measurement of waveforms in the high power levels 
only. In the present paper, it has been shown that with certain modifications in its 
method of use, the vectormeter serves as a powerful instrument for rapid analysis of 
repetitive differential analyzer solutions of linear and non-linear systems. Further, 
it is indicated that the describing functions for non-analytic or implicit functional non- 
linearities can be readily evaluated. This aspect becomes important in cases where 
non-linear functions are simulated from a knowledge of the actual non-linear charac¬ 
teristics, for which theoretical evaluation may be difficult. Finally, the measures of 
absolute errors in using this instrument for such applications have been discussed. 
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Appendix 1 

Operating principles of vectormeter 

The vectormeter is a precision universal measuring instrument of the moving coil 
type combined with a contact rectifier driven by a synchronous motor. The mechanical 
arrangements in the vectormeter, enable the contact period to be varied to any value 
between 0° and 360°. Also, the instant at which the contact is made can be adjusted 
arbitrarily with respect to the phase position of the measured quantity over the range 
from 0° to 360°. The fundamental frequency of the measured quantity should be 
accurately the same as the frequency of the voltage applied to the synchronous motor. 

Generally, the moving coil instrument is connected in series with the contact and 
current flows through it only whenever the contact remains closed. The deflection of 
the instrument is a measure of the integral of the current or voltage over the contact 
period. 

In case of symmetrical waveforms, by using 180° contact time and varying the 
instants of contact, instrument readings can be obtained to plot the waveform as accu¬ 
rately as required. Using the contact periods as low as 10°, unsymmetrical waveforms 
can also be plotted. Unsymmetrical waveforms can be analyzed more accurately by use 
of an arrangement as shown in Fig. 8. The circuit reduces the effects of fluctuations^ 
of the contact time and enables sensitive measurement. During the contact time, C is 
charged to a potential difference U j, at the instant 7 ou , of opening the circuit. During 
the open contact time, C discharges through r„ and the D.C. motor, gradually to a 
potential difference U 2 , at which a new contact is made at T xn to allow C to re-charge. 
To keep Ui — Uo small and to charge C to the potential U\ t during the contact time, 
the conditions to be satisfied are : 

(r 0 + r l ,)C>> T >> Tk >> ro C 



Contact period * 10° ■ fg 
Fig. 8 

Circuit for analyzing unsymmetrical waveform 

The circuit is calibrated by use of a known D.C. potential and r v is adjusted to give 
a convenient direct scale on the instrument. 

The instantaneous value of the waveform at time 7* is obtained (Fig. 9) for the case 
shown in Fig. 8. Since it is possible to change the instant at which the contact is first 
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made, (keeping the contact period constant) the instantaneous values of the waveform 
for all instants can be accurately measured by this method and hence the entire wave¬ 
form can be easily obtained. 



Fig. 9 

Instantaneous value of waveform 


Appendix 2 

Measurement of selective harmonic components 

The effect of individual harmonics on the measurement of a complex waveform 
(Fig. 10) can be removed by proper choice of the contact time. If instead of the usually 
employed contact period of 180°, a value of 180 X $ = 120°, or 180 X | = 240° is set 
on the vectormeter, then the half-waves of the third harmonic cancel out and have no 
effect on the meter reading. For a contact period of 120°, the meter deflection is 
reduced by a factor 0.866. Since this is a fixed correction factor, this has no effect on 
the measurement. 

Similarly, the measurement of an individual harmonic is also rendered very simple 
with the vectormeter. It is necessary to take three readings for the third harmonic, five 
readings for the fifth harmonic, etc. With reference to Fig. 11, if we desire measure¬ 
ment of the third harmonic of the fundamental wave shown, we determine the instan¬ 
taneous values fl 30 , a 90 , a 160 for the three phase angles 30°, 90°, 150° and combine 
the readings by Fischer-Hinnen formula. The summation for the third harmonic is 
fl 3o a «o + fliso* The fundamental has no effect, since the sum, 0.5 — 1.0 + 0.5 = 0. 
However, the third harmonic gives, 1 — ( — 1) -h 1 — 3, thus enabling the determina¬ 
tion of third harmonic amplitude. 

The determination of describing function for fundamental and the third harmonic 
requires that both .the input and output of the non-linear element be connected to the 
vectormeter for measurement. If a m is the maximum reading for output with 120° 
contact time, a 30 , a 90 , a 160 are readings at phase positions of 30°, 90° and 150° for the 
output wave with 20° contact time, and A m \ is the maximum reading for the input wave 
with 120° contact time and A m i for 20° contact time, then the describing function for 

the fundamental is given by Goi = j" ; the describing function for the third harmonic 

**m\ 

is given by 


(<*so *+* fliio 
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Measurement of third harmonic with vcctormeter 

This method for evaluating the describing function is simple and quick and is accu¬ 
rate only if the higher harmonics are negligible and has been used in obtaining the 
describing function of the soft spring non-linear device described in section 4. 
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SINGLE-TRANSISTOR VOLTAGE-CONTROLLED OSCILLATOR AND 

ITS APPLICATION* 

K. G. Nadar 

Associate Member 

National Aeronautical Laboratory , Bangalore 

S ummar y 

This paper discusses the theory and performance considerations pertinent 
to a single-transistor voltage-controlled oscillator . The performance charac¬ 
teristics of such a circuit and also its application is dealt with in detail. The 
wide range of design flexibility and'usefulness are demonstrated by a block 
of device fabrication . A comparison is made with conventional circuits and 
also their shortcomings are pointed out . 

1. Introduction 

The circuit described here is a single-transistor oscillator and the effect of bias 
voltage on frequency is discovered with a view to use in instrumentation and data 
handling devices. Performance requirements imposed in these applications dictate 
unique device considerations and that results in an oscillator with extended performance 
characteristics. It is the purpose of this paper to discuss the theory and application 
pertinent to this circuit and to present an experimental data which describes the perfor¬ 
mance characteristics. 

Discovery of this effect in the circuit excited a considerable theoretical interest and 
only a few aspects of circuit are dealt with in this paper. To establish its extensive use 
on practical aspects require a more detailed investigation and this has not yet been 
attempted. Meanwhile it is hoped that the following account of preliminary work will 
stimulate the future interest in both theoretical and practical aspects. 

2. Characteristics 

Some of the important characteristics are as given below. 

(i) Operating frequency is a linear function of D.C. input voltage. 

(ii) Input impedance can be adjusted from 100 ohms to 2 kilohm. 

(iii) Overall linearity of voltage to frequency characteristic is expressed as 

percentage deviation of incremental slope, not exceeding 1 %, but it is 
possible to select a limited frequency range of about 25 kilocycles per 
sec. within an accuracy of 0.1 %. 

(iv) The overall system can be designed in such a way that the temperature, 

voltage variation, etc. can be compensated as cited in the device fabri¬ 
cation. 

(v) Power consumption is less than 20 milliwatt. 

* Written discussion on this paper will bo received until January 31,1967. 

This paper ( re-drafted ) was received on May 11,1966. 
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3. Circuit operation 

The schematic circuit diagram of the oscillator configuration with the characteristics 
mentioned is shown in Fig. I. The circuit function is now briefly described. 



Ri+ R 2 )) 250 ohms but not exceeding 5 kilohm 
Ri: R a determines the frequency of oscillation 

Fig. i 

Schematic circuit diagram of the oscillator 

The circuit is a simple conventional type Hartley oscillator. Feedback for 
tions is obtained from the part of the inductance; hence, the amplitude of n«/-;iUti « n is 
always determined by the amount of flux linkage between Ni and N t turns of the tuned 
circuit windings. 
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The two series-connected windings on one core constitute the oscillatory winding 
and a portion of it acts as a feedback winding. The circuit is considered to be in steady 
condition and executing the frequency of oscillation within the range. One complete 
cycle consists of conducting and non-conducting states. The analysis will be restricted 
to the case in which the conducting and non-conducting stages are not identical for 
constant bias conditions. 


The time is denoted by t/ x during conducting state and by t during non¬ 
conducting state. During the transitional period, the limiting threshold is proportional 
to the D.C. input voltage and also to the biasing condition. The normal operating 
range can be either positive or negative or both in the operating range; beyond this 
limit the oscillation ceases as the conditions are not satisfied to maintain the oscillation. 
This results in an upper voltage limit on the core winding and a constant core reversal 
flux irrespective of frequency. Considering the boundary conditions of current in the 
inductor, the boundary condition cannot change instantaneously and the current in the 
inductance is continuous during switching operation. 

The voltage across the tuned circuit is assumed to be constant for the whole 
range of frequencies irrespective of small variations due to feedback. 

Switching occurs when collector voltage is sufficiently high. This is determined 
by the algerbraic sum of the base voltage and the voltage across the condenser. 

Consider the case in which the voltage across the condenser is zero and the base 
voltage is in the operating range. Then, the transistor starts conducting and the current 
in coil N x will induces an electromotive force (e.m.f.) in coil N 2 . 

Let the voltage across the coils Nj and N a , due to the collector current be E x and 
E 2 respectively. Therefore, 


Voltage across the tuned circuit 


__ £ Ni + N 2 „ r _i_ r N? 


N x 




(i) 


The voltage f 2 , will only exists when the flux changes. It performs the following 
two functions: 

(i) It accelerates the growth of current and brings I c to the maximum 

value; and 

(ii) It introduces an unbalance when the current is steady. 

Now, the condenser starts discharging through the coil. The voltage across the 
condenser is always floated across the transistor base and the collector. The conden¬ 
ser will be discharged to the extent as determined by the instantaneous bias. This 
discharge current will induce an e.m.f. in the feedback winding that will provide a 
negative feedback. 

It is interesting to note that even though the current through the transistor is very 
small, the voltage across the transistor is only a fraction of a volt because of the accumu¬ 
lation of charges in the condenser which raises the potential to almost equal to the 
emitter voltage. The transistor is now floated between the two positive potentials 
differing by a fraction of a volt. When the condenser discharges, the voltage across 
the transistor increases, and induced voltage on N 2 will provide a negative feedback 
which will maintain the transistor at cut-off position till such time the collector voltage is 
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sufficiently high to conduct. Fig. 2(i) to (vii) show the waveforms at diderent 
frequencies. 



(iv) 
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(v) 




(vii) 

FI*. 2 

Oscillographs showing waveforms at different frequencies 


The frequency of oscillation is determined by the following factors. Let us consi¬ 
der the circuit in operation during complete flux reversal. The time required for this 
remains constant throughout the range and is denoted by t\. It is experimentally 
found that, 


_3 WLC 
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where L is the inductance of the coil in henry and C the capacitance of the condenser 
in farads. 


In order to relate the frequency with other parameters, it is necessary to consider 
the transient voltage across the tuned circuit. 


Voltage across the tuned circuit = 


F JVi + N. 
Ei 


The voltage £ 1# is determined by the final value of the collector current and also the 
rate of change of current. The voltage swing at the collector of the oscillator at different 
frequencies is given in Fig. 3. 



Voltage smog at the collector of oscillator at different frequencies 


Fig. 4 shows the level at which the condenser discharges at different frequencies. 

The voltage across the condenser undergoes a change due to the discharge and the 
maximum variation is about 5 volts, i.e., from 19.5-24.5 volts; but the subsequent changes 
in collector voltage are as shown in Fig. 3. The effect of feedback within the transistor 
is extremely important and not directly comparable with anything that occurs in a valve. 
A typical characteristic of a transistor with feedback is reproduced in Fig. 7. There¬ 
fore, for finding out the time t, only the voltage change across the tuned circuit is consi¬ 
dered. It is obvious from Fig. 2 that the waveform departs from the sine-wave as 
frequency decreases. Therefore, transient condition can be easily obtained by assuming 
that the input to the tuned circuit is sinusoidal and that the condenser is charged to a 
peak value of £ c . 
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Curve showing voltage level at which condenser discharges at different frequencies 


Therefore, 

€ = E c sin (« t + </>) 

Then, the fundamental equation connecting the current and voltage is 
E c sin (<* t + <f>) = LR + L £ 
where i is the value of the current at time /, and is given by 

i = Ci e ^ 1 + | e "~^ 1 E c sin (to t + <f>) 

where X = — ~ and Ci is an arbitrary constant. 

From equations (3) and (4), we get 

« = C, e A/ 2 sin (*W + ^ + «) 


when 


« = tan -1 y , t — 0, i = 0 


o = c, 

Ci = 


y#+ 




(3) 
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_ R * 

E c e-i- 


sin 




E c 


vr* + 


sin |« * + + tan 1 ( 7 ^)} 


The first term is the transient component and the second is the A.C. component of 
constant amplitude. It is to be noted that the rate at which the transient component 

R t 

dies away, is again determined by the value of e~ L and thus, this rate is proportional 


to 


R 

L 


R 


In this particular example, t is small as compared with ^ and the transient com¬ 
ponent will be of importance in determining the value of i . The voltage induced in 
the feedback coil during the discharge of the condenser is negative and mainly depends 
on the current i, and the A.C. component is supressed as the transistor is not allowed to 
conduct. Thus, the restoration of collector voltage to a value is determined by the bias 
voltage only. 

The term, sin | <f> tan- 1 j tends to be equal to 1. 


« = i\/R* + to 2 
R 

e = E c e ~ L { 


L* 


t 


R , E e 

L ,og ' « 


/ = 


1 

h + t 


_ 2 __ 

3tt s/LC + ^ lo?.f 


(5) 


E c 

The ratio varies from 1.00-1.28 and corresponding frequency variation is 400 

to 20 kilocycles per sec. The level at which the condenser is allowed to dis¬ 
charge is determined by the instantaneous bias of the transistor. The ratio 

E 

is the decisive factor that determines the frequency of oscillation. This ratio is varied 


according to the instantaneous value of the base voltage and 


R 


is the time constant 


of the inductive branch of the tuned circuit. The relationship between Vy c and the 
collector current is shown in Fig. 5. The condenser will discharge to such an extent 
as to restore the collector voltage to a sufficient value to conduct the transistor. The 
induced voltage in the feedback winding due to the discharge of the condenser will 
provide a negative feedback, thus maintaining the transistor at Cut-off position; whereas 
during conduction, the induced voltage in the feedback winding will be such that the 
feedback is positive. Hence; the action is accelerated. 



r see 
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Collector voltage, V -•* 

Fig. 7 

Typical characteristic of a transistor with feedback 


4. Operating frequency range 

The highest possible frequency f h , is obtained when the bias is such that the 
transistor current is at the minimum so as to maintain oscillations. The lowest possible 

frequency is obtained when the ratio ~ c , is the maximum. As V ch is allowed to decrease. 

Vfc increases and frequency becomes progressively higher and vice versa . 

Therefore, at the maximum frequency, the quantity log* — tends to zero. 

K € 


fh — 7— - 

3n y/L C 

(6) 

From equations (5) and (6), 


- 1 i j / L* 1 E c 
f, + 3 * R V C loge e 

(7) 


The voltage-controlled oscillator operates between the frequencies /„ and /,. where 
Jo is the resonent frequency of the tuned circuit, and 

2 R 

^ > 2L + 3 n R y/iQ (8) 

Therefore, the maximum frequency variation can be obtained from equation (9). 
From equations (6) and (8), 


Maximum frequency = 


_ _ 4 L __ 

3 n y/L C (2 L + 3 * R^/LC) 


(9) 
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The equations for upper and lower limits of frequencies do not contain any voltage 
as a function of the frequency. The maximum ratio of the frequency that can 
be obtained theoretically is given by equation (10). 

From equations (6) and (8), 


Maximum ratio of frequency = 1 + 


_2yjL 

3 7T/Vt 


( 10 ) 


E c 


The frequency is being controlled by a factor log e — c . Even though the frequency 

E c 

is a function of the reciprocal of log e y, the linearity is being maintained due to 
feedback. 


5. Input control 

Equation (5) shows that the frequency of the oscillator is a function of voltages 
which is purely determined by the instantaneous bias. In order to relate the frequency 
to the instantaneous bias voltage, it is necessary to consider V b and V bc . Any change 
in V b will bring the corresponding change in V bc also. 

The level at which the condenser is allowed to discharge is determined by V bc 
and other circuit parameters. The analysis is further simplified by assuming that. 


Therefore, 


* - K x V eb 
V*=V k -I.R. 


3 ny/LC 

2 

2 ““ 

t~C+ | 


, A i & 

+ 2 R loge « 


, L , E c 
+ 2 R log * K x V A 


m | log. 


Es_ 

KV a 


( 11 ) 

( 12 ) 


The linear equation (12) relates the periodic time of the oscillator frequency to 
the voltage V A , as all other parameters are constant. The voltage V A , is directly 
proportional to the input voltage. Fig 8 is a schematic circuit showing the different 
voltages. A simplification of equation (12) expresses / as the function of V A in the 
slope intercept form of a straight line equation, 


/~/a + |m 1 loge KiVd, 

E 

where | m | is the slope of t to log, ^ characteristic curve and is given by 

“ h -f 


(13) 


\m\ 


fh /log. 


Ec 

K,V a 


(14) 
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Fig. 8 

Schematic circuit 
showing the different 






The effect of increasing the control voltage is to decrease the frequency. The 
required slope | m | can be obtained by selecting proper components and accurate 
adjustments can be done by including a trimming pot in the inductive branch of the 
tuned circuit. 

6. Design considerations 

Design of the voltage controlled oscillator for a specific requirement involves the 
application of equations (I) to (14) which have been established on desired operation. 
Due to the fact that there are certain practical limitations, such as, the type of the 
transistor, its current rating and junction capacitance and tuned circuit load-current 
ratio, etc., it is expected that some modification of the results obtained may be necessary. 

7. Device fabrication 

A detailed discussion of the construction of fabrication devices is not needed here. 
Fig. 11 shows a general layout and some important physical features of the devices which 
can be made utilizing this circuit technique. 

In addition to the recording and indicating of the digital quantities, it is also possible 
to expand the time-scale and any transient phenomena recorded in a tape recorder 
can be displayed in an ordinary strip chart recorder or similar devices—a feature which 
may not be easy to obtain by other means. 
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One of the important features of this design is that the temperature and other 
parameters can be compensated as it will affect both voltage-controlled oscillators at a 
time and the difference is maintained constant. The second advantage is that, after the 
data leave the instrumentation system, these are subjected to a number of operations 
including recording, reducing and plotting. Each of these operations can introduce 
additional error into the data. In order to reduce these errors, the digital system is 
preferred. In general, the errors introduced by the data handling and processing can 
be made negligible compared with basic instrumentation errors. Random noise and 
dynamic lag introduced by the filter is reduced to the minimum. 

8. Conclusions 

To sum up, the various factors dealt with in this paper are important in the 
application of the single-transistor voltage-controlled oscillator. Fig. 11 shows the 
main results of this circuit and from these the pertinent conclusion can be drawn. 
1 he design binds itself to high speed measurements. This system is capable of being 
implemented with strain gauge output, the details of which will be dealt with in 
another paper, ‘High Speed Data Handling’, by the author. The opinions expressed 
in device fabrication are exclusively of the author and not those of any group or 
organization. 
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Summary 

The fluctuation theory of luminance discrimination was developed for 
the dark-adapted eye by Bauman , Vos and Walraven. It has been extended 
in this paper to the case of light-adapted eye. It has also been shown that 
the required data for the light-adapted eye , can be calculated using the data 
for the dark-adapted eye, if one knows the adaptation level. It is further 
shown that if the human eye is considered as a sufficiently fast device , then 
the solution for the television case can be obtained very easily. 

1. De Vries-Rose (V.R.) region 

When the eye is viewing a scene of luminance B , the number of photons that enter 
the eye per unit area per unit time is 

n=fB (I) 

The number of photons entering the eye over a time T , from the area A , would be 

N = n A T (2) 

This number is subject to the statistical fluctuations whose r.m.s. value is 

AN = ± (n A D* (3) 

Now the two luminance levels, B x and can be told apart when the corresponding 
difference, N x — N 2 , exceeds the noise by a suitable safety factor. For the dark-adapted 
eye, this noise is given by equation (3). But for the light-adapted eye, the noise of 
interest would be different. For the adaptation level B 0 , the number of photons that 
enter the eye would be given by 

N 0 - no A T (4) 

and the associated r.m.s. fluctuation would be 

AN 0 - ± in* A TV (5) 

Next, we make an important assumption that as one sees the luminance level B t 
the adaption level B 0 acts as a comparison level or as a background level. This means 
that the eye is sensitive to the difference, B — B 0 , rather than to B. As both N and N 0 
are subject to independent statistical fluctuatons, as long as we are interested in B — fi 0 , 

* Written discussion on this paper will be received until January 31,1967. 

This paper was received on January 15,1966 . 
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the resultant noise would be given by the quadratic addition of the two noises given by 
equations (3) and (5). Thus, the resultant noise is 

A Nr = ± [(n + no) A T]* (6) 

So for the discrimination between the levels, Bi and B%, to be possible, we must 

have 

Nx — N, = K [(n + a,) A T]> 

i.e., 

fAT(B t - B t ) = K[f(B + BJA T] 1 

or, 

[raj,. 

Similar calculations for the dark-adapted eye would give 

The subscripts L and d refer to the light-adapted and dark adapted cases. 

These calculations describe the behaviour in the de Vries-Rose region. Therefore, 
in this region 



Thus, knowing the Weber-function, i.e., the contrast sensitivity for the dark- 
adapted eye, the contrast sensitivity for any level of adaptation can be calculated for 
the de Vries-Rose region. 

2. Weber-Fechner region 

For the Weber-Fechner region, the statistics should be applied on the neural 
coding rather than on the quantum incidence following Bouman, Vos and Walraven. 1 
Although, the nervous system has a discrete and statistical nature just as the emission 
of photons, the nervous transmission channels have the refractory period such the 
chance C„ between two successive spikes in one channel is 


C, = 0 when t < t. 

02) 

C, ~ n exp. [— u 0 — <,)] t > t t 

(13) 


(7) 

( 8 ) 

(9) 

% 

( 10 ) 


* In the text and mathematics! exprettion*. N, N* N lt N w n, n* n,, t, etc. stand for ff> iV*, /V x , ]V„ etc. 
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where n is the number of spikes evoked by the neural system. The average time t, 
between the two successive spikes on the same channel is then given by 

4 = <• + l (14) 

The standard deviation of t around t is 

A/ = ± ' (15) 

n 


or. 


t = *o + 



1 

n 


The number of spikes v, counted over T and A is now given by 


i.e., 



or. 


Thus, we have 



and the associated r.m.s. fluctuation 


Av 




Using equation (20), we get 



1 

T A 


X An 


Therefore, 


An-i^r/O 1 



(16) 


(17) 


(18) 


(19) 

( 20 ) 

( 21 ) 

( 22 ) 

(23) 
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or. 


An — 4- p 



(24 


For the adaptation level, similar calculations would yield 


An 0 = ± Uo 


to + 


n* 


no 


TA 


(25 


Again using the same principle of comparison level, the resultant noise of interes 
to us would be the quadratic addition of individual noises given in equations (24) anc 
(25). So, the resultant noise is 


An r ^±[(An) 2 -4(An 0 ) 2 P 


or, 


An r == ± 


[ 


n (I + / 0 n) + no (I + <o DoJli 


TA 


J 


Now, the two luminance levels Bj and B, can be told apart only if 

- r® (^ ®) + °o (I + to ®o)~li 

ni -n 2 — /C f A j 


Using equation (I) 


KBi _ Bi) ^ K |"/B (L +AfB) + /fio (L± #o/B«)ji 


(26] 

(27) 


(28) 


(29) 


or, 

(f)- [g ('+f) + <•/('+1*)] 1 <m 

For the dark-adapted eye we would get 

(^ = /t(/T/0-i[^+ <./]* (31) 

For the low values of the luminance level B, the terms involving t„ are insigni¬ 
ficant and so the equations (30) and (31) become identical to the equations (9) and (10). 

F#T higher values of B, i.e., in the Weber-Fechner region, only the terms involving 
t, are significant and so the equation for the Weber-Fechner (W.F.) region are 


and, 



= K (JTA)~i 




WJP. 


(32) 


= KVTA)~Ht.f)i 


(33) 
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"(¥T 

M. 

Thus, in the Weber-Fechner region also if the Weber function is known the contrast 
sensitivity for any other adaptation level can be calculated. But for the transition 
region, we must use the exact equations (30) and (31). Thus, in this region, in order 
to be able to calculate the contrast sensitivity of the light-adapted eye, in addition to the 
Weber function and the adaptation level we must know the factor t 0 f. 



3, Breakdown region 

For still higher values of the luminance level B the Weber-Fechner law breaks 
down. To explain this Bouman, Vos and Walraven 1 assumed that the refractory period 
t 0 itself is subject to statistical fluctuations. The effect of this fluctuation can be ex¬ 
pressed as 1 


Av = 


± 



(to TAP 


(35) 


As the neural statistics and the statistical fluctuations in t 0 are both parallel effects 
each of which can separately result in contrast threshold phenomenon, the result due to 
both of them can be calculated by quadratically adding equations (21) and (35). This 
gives 1 


An 


[ 


n (I + f. n) + (A<„)* n 4 /.“I 1 


TA 


-|i 


Similarly for the adaptation level B 0 , we would get 

"n.0 + 

"TA 


An. 




(36) 

(37) 


Again using the same principle of comparison level, the resultant noise of interest 
to us would be the quadratic addition of individual noises given in equations (36) and 
(37). So the resultant noise is 


A n, 


= ± 


(n + no) + to (n* + np 2 ) + (AQ * t 0 (n 4 + Pq 4 ) T* 


TA 




(38) 


For the discrimination to be possible in the two luminance levels Bi and Bp we 
must have 


Hi — it) — K Arif 


(39) 


or, 


Pi — Pa K Any 

P II 


f*e** 


(40) 
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jb 0 + §) + Kf 

^ + (A0 2 f 0 / 2 B* ( 



TA 


& 4 \i 


(41) 


For the dark-adapted eye, we would get 


)r K 

m jB + U + ( At 0 yt 0 f*B* 


T A 


(42) 


For small values of B the last terms are insignificant and the equations (41) and 
(42) are again reduced to the equations (30) and (31). But for large values of B , only the 
last terms are significant and we get for this break-down (b.d.) (of Weber-Fechner law) 
region 


[(rJX-^^L A( ,+ 30T <43) 


and 


[ffl.L 


~ K(A/o)/B 


[AT 


Therefore, 


L(?)J 


-K‘) ! 


(44) 


(45) 


b.d. 


Thus, in this region also, we can calculate the contrast sensitivity for the light- 
adapted eye from the knowlege of only the Weber-function and the adaptation field. 
But for the general case including the transition regions and also the case when the same 
approximations cannot be applied to the two equations because of the large value of the 

B 

ratio g^, we must make use of the most general equations (41) and (42). Thus, 


(AB\ 

B±l 

m 


£o 4 \"|i 


(t)J }' b (' + + 

yg+to + (Atf( 0 / 3 B» 


(46) 


I 


Thus, to calculate the contrast sensitivity of the light-adapted eye, in addition to 
the Weber function and adaptation level, we must know /, t 0 and At 0 . 

4. Derivation of the data for the light-adapted eye 

Now, in theory at least there appears a possibility of getting the required information 
about the parameters /, t 0 and A f 0 from the data for the dark-adapted eye alone. For 
this, we consider the three luminance levels: (i) the lowest possible, so that only 
equation (10) need be considered; (ii) the middle value that gives the lowest value for 
the Weber function such that only equation (33) need be considered; and (iii) the 
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highest possible, so that only equation (44) need be considered. Rearranging the 
abovementioned equations, we get 



(47) 


(48) 


(49) 

II 

(50) 

*sl^ 

II 

■~°l . 
<1- 

(51) 

(A<„) 2 to f s = ~ t 

(52) 

rewrite equation (46) as 



(53) 

F(B) = B+ft 0 B* + (At c )'t 0 P 

(54) 


Thus, using equations (50) and (52), we can plot F(B) as a function of B. Then, 
using this curve together with the luminance discrimination data for the dark-adapted 
eye, we can construct the luminance discrimination data for the light-adapted eye for 
any value of the adaptation level fi 0 . 

The calculations as indicated above were done using Hecht's curve, 2 wherein 

(tt) ^ a8 ^ >CCn as a ^ unc ^ on I* should be remembered that the 

calculations have been done using three extreme isolated points of the curve and, 
therefore, serve only to indicate the rough magnitudes involved. The results of cal¬ 
culations are 

ft c = 22.25 (milli-lambert)^ 1 (55) 

1.617x10-® (56) 

*9 

(At,) 2 tof* — 2.88 X 10"* (milli-lambert) - * (57) 

Has been calculated a* a function of B for three particular cases : (i) B c = I 

milli-lambert; (ii) B t * 10 milli-lambert; and (iii) B 0 — B. 

Case (iii) will be considered further. The results are shown in the figure. 
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Curve* showing the results 


5. Calculations for television case 

As a first approximation, we might assume that the adaptation level of the eye 
viewing a television picture is equal to the mean luminance of the picture. Such an 
assumption implies that the eye is an extremely slow device which does not respond 
to the continuous changes of luminance. Such an assumption is of course not true. 
In fact, while studying the contrast sensitivity of the eye at any adaptation level, the eye 
is subjected to see that adaptation level for a long time and then is suddenly shown for 
a short duration, the two luminances that it is supposed to distinguish apart. This 
particular procedure is adopted to minimize the effect of test field on the adaptation 
of the eye. As in case of the eye viewing a television picture such a precaution is 
redundant, we must assume that to some extent the eye is capable of responding to 
the continuous changes of luminance. We might assume that the instantaneous 
luminance value B serves as the adaptation level B 0 . This assumption implies that 
the eye is a very fast device, capable of changing its state of adaptation in a negligible 
time. This also is not a correct state of affairs. 

But we must for the sake of calculations stick to one of these assumptions. The 
first assumption would involve the knowledge of the average luminance level of a 
television scene and also of ft 9 and (Ak)%/*. The second assumption leads itself 
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to the correct mathematical analysis without the knowledge of the average luminance 
level of ft 0 and (A/ 0 ) 2 1 0 f 3 , Because by putting B 0 = B in equation (53), we get 

ffir’C?), <58) 

Thus, it is seen that with the assumption of eye being the fast device any data 
about the number of gray shades that can be told apart by the dark-adapted eye can be 
used also for the television case provided the number of gray shades is multiplied by 

0.707. 
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Summary 


In view of estimating the upper limit on the number of shades of gray 
that a television system should reproduce , the number of shades of gray that 
the dark-adapted eye can resolve over about a contrast range of 1.5 x10 7 
has been calculated . The maximum number of shades of gray that the eye 
can distinguish apart is also studied as a function of restricted contrast range 
and the empirical relationship has been fitted to the data. Some calculations 
over a narrow contrast range have been done for the light-adapted eye. 

1. Eye—the ultimate critic 

Human eye is the ultimate -critic of any television display. This important fact 
governs the minimum requisites to be demanded of a television system as well as the 
upper limit of a performance of the television system, the betterment of the per¬ 
formance above which would draw no extra credit from the ultimate critic and hence 
this betterment would be redundant. 


The property of a television system of concern to us here is the number of gray 
shades that it should be able to resolve in a given contrast range that it accommodates. 
The lower limit of this number is determined by the desirability of having as close a 
relationship between the natural scene and its television counterpart as can be allowed 
by the television system without imposing on it the standards that may be difficult to 
accomplish. The upper limit, of course, is set up by the number of gray shades that 
the eye can resolve in a contrast range which it can usually accommodate while viewing 
a single scene. Thus, it is necessary to determine the number of shades that the eye 
can recognize as separate ones. 


2. Usual method of the presentation of data 

One of the important properties of the eye that are studied is its luminance discri¬ 
mination or contrast sensitivity. If the two areas are simultaneously viewed by the 
eye, one with luminance B and the other with luminance, B + AS, there exists a 
minimum value of AB t necessary for the eye to be able to recognize the two luminances 


AB 

as distinct ones. The ratio -jp has come to be known as Weber’s fraction. Weber's 


* Written discussion sa this paper will be received until January 31,1967. 

This paper was received on July 17* 1966. 
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fraction is usually plotted as a function of fi. The value of this fraction depends con¬ 
siderably on the state of adaptation of the viewer’s eye, i.e., on the luminance level to 
which the viewer is accustomed before trying to resolve the two luminance levels. As 
the adaptation level increases the contrast sensitivity of the eye, i.e., the power of 
luminance discrimination decreases. 


Afi 


Thus, for the dark-adapted eye the Weber’s fraction has got the least value. When 


g' is plotted as a function of B for the dark-adapted eye, it is found that at very 


Afi 

low luminances the value of g is relatively large, i.e., the discriminating power of 

AJ3 

the eye is poor. As the luminance increases, the value of g~ decreases, and when 

it attains a minimum value, it remains constant over a considerable range of luminance. 

Afi 

Then, at higher luminances, the value of g- again increases with 6. The total 

luminance range that the human eye can accommodate is very large. Its lower limit 

Afi 

can be set at that luminance for which g is unity. On the high luminance side 

Afi 

there would be yet another value of luminance which yields g- = 1. But the upper 

limit of the luminance range of the human eye is set by the maximum luminance 

that the eye can tolerate and it comes much earlier. In fact, it comes soon after the 

Afi # l 

-g curve starts rising alter the minimum. 

It would be interesting to estimate the total number of shades of gray that the 
human eye can distinguish between these two limits of the luminance range. 


3. Various factors affecting -g 

Afi 

Before attempting this, it is necessary to emphasize that the value of g 
depends on a multitude of factors. 

Piper’s law of absolute threshold reads 1 

A B~A-* 0) 

where A is the area of the aperture of the viewer’s eye at a distance at which the two 
luminances are to be told apart. 

Pieron’s quadratic law states that 1 

A B~T~* (2) 

where T is the time of exposure of the two luminances. But the fact remains that A 
and T affect gr. 

The problem of the effect of the pupillaty movement on the Weber’s fraction was 
studied by Krauskopf. 1 His results indicated that while some components of the 
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pupillary movement aggravate the brightness discrimination properties of the eye, the 
others are detrimental. Low frequency (1-5 cycles per sec.) motions reduce the con¬ 
trast thresholds and high frequency (10-50 cycles per sec.) motions elevate them. 

De Palma and Lowry 3 have studied the effect of some other factors on the 
Webers fraction. They have established that the Weber’s fraction depends on 
the spatial frequency of the two luminances to be distinguished apart and also, that its 
value is different for sine-wave and squarewave recurrences. The maximum contrast 
sensitivity, i.e., the minimum value of the Weber’s fraction was found to occur at 
spatial frequencies in the neighbourhood of 10 lines per mm. on the retina. On lower 
as well as upper side of this spatial frequency the contrast sensitivity of the human eye 
decreases. Increased viewing distance results in increased contrast sensitivity at higher 
spatial frequencies. But at the lower spatial frequencies, increased viewing distance 
results in decreased contrast sensitivity. 

A similar behaviour was observed for square-wave contrast sensitivity. But the 
square-wave test objects need lower contrast thresholds for perceptibility compared 
to sine-wave test objects in the low spatial frequency range. But in the higher spatial 
frequency range, sine-wave test objects need lower contrast thresholds for perceptibility 
compared to square-wave test objects. 

Again, the luminance discrimination properties of the human eye depend on the 
colour® under investigation. Luminance discrimination sensitivity of the eye is 
maximum for the blue colour, intermediate for the green colour and the least for the 
red colour. The luminance discrimination sensitivity for the white light is interme¬ 
diate between blue and green colours. 

4L Method of calculations \ 

Our interest lies in calculating the number of shades of gray that the eye can 
resolve in a given luminance range. The luminance range of interest may be 
anywhere in the total luminance range that the eye can accommodate. Therefore, we 
must study the entire luminance range that the eye accommodates. The method of 
calculations, although laborious, is very simple in principle. If we know the Weber’s 
fraction, 


we can calculate 


j_i_ 

AB " B 1V(B) 


(3) 

(4) 


Now die number of gray shades that the eye can tell apart in a luminance range 
between B, and B, is 


N = 



(5) 
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Now the Weber’s fraction is determined experimentally as a function of B and 
no single formula can be fitted to it. Hence the above integration is to be performed 

graphically. For this, ^g is plotted as a function of B on the linear scale and the 

area under the curve is measured. As the range of B to be covered is very vast, the 

range is broken into several parts in each of which a linear scale can be used. Hecht 4 

Afi 1 

has studied Weber’s fraction g as a function of fi. His data are used to get as a 

function of B . The curves are shown in Fig. 1. 


Y 1 Y 2 Y 3 



5. Calculations for the dark«adapted eye 

The data for the Weber* fraction as a function of B were taken from the work of 
Hecht* which refer to dark-adapted eye. This particular source for the date was 
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chosen because it covers the largest range of luminance and includes all the three 
important regions of the behaviour of the eye; the De-Vries-Rose region, the Weber- 
Fechner region and the region in which Weber’s law again breaks down. All these 
regions are experimentally established and theoretically explained. 1,5 It was thought 
necessary to do these calculations using these data, although, similar calculations 
have been quoted earlier by Schade 6 because these earlier calculations cover a smaller 
luminance range. Moreover, although the earlier calculations start right from the 


lower limit 


AB 

B 


= 1 which unfortunately is not included in our calculations, they 


exclude the region in which Weber-Fechner law breaks down. As will be seen, this 
latter region excluded in the earlier calculations is much more important than the region 
just near the threshold of vision and leads to some interesting results. 


In Table 1, the number of gray shades Nb that can be distinguished apart by the 
human eye upto the luminance B starting from the luminance 5 X 10“ 5 milli-lamberts 
is indicated. 


Table 1 


Number of gray shades Nb that can be told apart by the 
dark-adapted human eye up to the luminance level B 


B, milli-lamberts 

N b 

B, milli-lamberts 

N b 

5x10~ 6 

0 

1x10-* 

1.23 

5xl0-« 

5.49 

1x10-® 

8.12 

5x10-® 

17.99 

1x10-* 

24.74 

5x10"* 

51.80 

1 x 10- 1 

71.20 

5XI0- 1 

124.3 . 

1 

149.20 

2 

175.4 

5 

214.00 

8 

235.6 

10 

245.60 

15 

265.5 

20 

279.20 

30 

298.8 

50 

324.70 

80 

348.2 

100 

358.20 

200 

388.5 

500 

427.70 

1,000 

452.5 

m 

2,000 

472.30 

5,000 

494.2 

6,500 

499.50 
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The upper limit of visual tolerance for the human eye is little less than 14,000 milli- 
lamberts.® Thus, our calculations extend right upto one octave below this upper 
limit. In the region near the upper limit of visual operation the eye would be put to 
strain. Television programmes generally aim at entertainment and education of 
viewers. Therefore, they should allow casual attention in a relaxed mood. In any 
case, those very high luminance levels which strain the eye, cannot form a part of any 
television programme. Therefore, the luminance region right below the upper limit of 
visual tolerance is not of any interest to engineers and hence this region would not be 
of much interest. Thus, our calculations cover the entire range of our interest. 

Although the total contrast range covered by our calculations i9 about 1.5 XlO 7 
and the total contrast range that the eye can accommodate is about 10®, these enormous 
capabilities of the eye are never utilized while viewing a single scene. It has been 
estimated 6 that the upper limit of a contrast range that the eye can accommodate while 
viewiftg any single scene is about 1,000, the usual order being about 100, whereas the 
contrast ranges of interest to us in case of television are usually less than 20. This 
limit in case of television is set by the contrast range that can be accommodated by a 
receiver tube in the present state of technology. So now we would like to calculate the 
number of gray shades that the eye can distinguish apart in a given contrast range. 
The contrast, C, accommodated would be taken as a parameter for a particular set and 
the number of gray shades would be plotted as a function of the maximum luminance 
B seen.* 

The contrast C is defined as 


C = §-*' (6) 

where £ mftx . and B m ;„. are maximum and minimum luminance values in a scene. 

With the contrast C accommodated and the maximum luminance B seen, the 
number of gray shades N that can be seen would be the number that the eye can tell 

B 

apart in a luminance range from £ to B. The data is presented in Fig. 2. 


Thus, it is seen that as B increases the number of shades N that can be distinguished 
apart increases, then reaches a maximum N max . at a particular value of B and then 
decreases again. This is the general behaviour of the curves for all values of C. But 
in some respects the value of C marks a difference between the behaviour of the curves. 
Thus, as the value of C increases the value of B at which we get N max . also increases. 
Again, the region in which the curves remain sensibly flat, shrinks as the value of 
C increases. This can be very easily explained. Consider a region in which Weber— 
Fechner relationship holds good. Now as in this region the Weber’s fraction W is a 
constant, from equation (5), we get 

w F I?-*''■*•*] m 

Bx Bi 


* In the subsequent text, B stands for B. 
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For a contrast range C, we get 


Fig. 2 

Curves showing die data 



MOHARlR & SAPRYKIN: ABOUT THE GRAY SCALE PROPERTIES OF THE EYE 33 


N = ^ log, C (9) 

Thus, in the Weber-Fechner region, the curves in Fig. 2 should be flat for a given 
value of C. Here, we have assumed that both the limits of luminance values within 
which the integration is carried out lie in a Weber-Fechner region. But as the value 
of C increases the range of B for which these limits of integration can stay in Weber- 
Fechner region shrinks, and hence the region of flatness of the curves in Fig. 2 also 
shrinks. Again, as the value of C increases, the lower limit of integration enters the 
Weber-Fechner region at a greater value of B and hence for the larger values of C the 
values of B that give N mxx . are also larger. 

6. Empirical relationship between /V max . and C for the dark~adapted eye 

Introduce the parameters, 

y = log log C (10) 

x = log /V max . (11) 

Taking clue from some preliminary calculations, it was found that a relationship, 

y — ax 2 + bx + c (12) 

can be fitted satisfactorily to the data. To calculate the alues of the constants a , b 
and c, the principle of least squares from the theory of errors was used to get the best 
fit to the data. 

Thus, we get for the range of C equal to 2-100,000, 

a-0.1527 
b - 0.397 
c- - 1.4525 

Therefore, the empirical relationship between N max . and C becomes 
log log C - 0.1527 (log AU.) 2 + 0.397 log N max . - 1.4525 
To get the idea of the closeness of the fit, the actual values of 

log log C = y 

are compared with those calculated from the above empirical relationship. 

Taking into account the contrast range covered by the empirical relationship, the 
fit is quite good. 

For C < 10, Deviation = 10% 

For 10 < C < 1,000, Deviation < 1% 

For 1,000 < C < 100,000, Deviation < 5% 

Thus, the fit is very good in the central contrast range, satisfactory for the high 
contrast values and not so good for the low contrast values. 

Usually, our interest would be to calculate the value of /V max . for a given value 
of C. Therefore, equation (16) is re-arranged in the form, 

log Nuu, = — 13+ V 11-28 +~3.555 log log C 


(13) 

(14) 

(15) 


(16) 


(17) 
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The data calculated by using this empirical relationship is shown graphically in 

Fig. 3. 

I II III 



Contrasty C 
Fig. 3 

Curves showing the data calculated using empirical relationship 

7. Calculations for the bright~adapted eye 

Contrast sensitivity of the human eye in the test field with a bright surrounding 
was studied by Schreuder. 7 The result of his investigation is expressed by an 
empirical relationship, 

log B z — - 0.97 + 0.51 Bx* + 39.1 x ,00 )~* (18) 

where B x is the adaptation level in nits, fi 2 the test field luminance in nits, fi 8 the test 
object luminance in nits, and (B% — fi 3 ) the smallest luminance difference that can be 
told apart. 
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This can be re-written as 


I _ 100 (39.1)"! (log B + 0.97 - 0.51 fij)f 

AS 6 

where B 0 is the adaptation level in nits. 

This relationship is valid between the limits, 7 

300 < B 0 < 10,000 

0.15 < ^ < 0.968 


(19) 

( 20 ) 
( 21 ) 


Using the above relationship, the results shown in Table 2 were arrived at. 


Table 2 

Number of gray shades Nb that can be seen by the light-adapted eye 
in the luminance range from 40-120 nits 


B 0 , nits 

N b 

500 

6.085 

800 

5.244 

1,000 

4.952 

1,500 

3.929 

2,000 

3.199 


Thus, it is seen that when the adaptation level of the eye is above the test field 
luminance, the number of gray shades that the eye can tell apart in a given luminance 
range is poor and becomes poorer and poorer as the adaptation level is raised higher 
and higher above the test field level. 

8. Calculations for the television case 

So far we have studied two cases. One, studied quite thoroughly that when the 
dark-adapted eye is seeing the lighter field. The second one, studied only over a narrow 
luminance range, is one when the light-adapted eye is seeing comparatively darker field. 
The television case lies in between these two. Here, the mean luminance level of the 
test field forms the adaptation level. The correct calculations for this case can be done 
only if the experimental data is available. But the rough estimate can be made from 
the two extreme cases with some plausible assumptions. This would be the estimate 
of the higher limit of the number of shades set by the properties of the eye. There are 
certain properties of the television system too, that set the maximum limit on the num¬ 
ber of shades that can be seen. The derivation of the data for the light-adapted eye 
starting with the data for the dark-adapted eye would be considered later in a paper 
entitled fluctuation Theory of Luminance Discrimination for the Light-adapted 
Eye and its Particular Application to the Television Case . It is also proposed to discuss 
the limitations of the television system at some later stage. 
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Summary 

The rapid increase in the complexity of modern technology—whether 
industrial , military applications or space research programmes—has placed 
severe strains on the control systems which invariably form the central core. 

The need for an insight into the controlled processes in all possible para- 
meteric changes during operation and subsequent adaptation has led to the 
use and development of self-adaptive control systems. The crucial problem 
in non-linear as well as linear control system is the identification of process 
characteristics. The solution to the problem of identification of non-linear 
systems belonging to the class 7) lf of Zadeh by constructing an equi¬ 
valent model has been presented in this paper. The models of the zero- 
memory systems and of the systems with memory have been constructed. 

The modified Hermite polynomials have been used to represent the ortho¬ 
normal polynomials f> n (x). In each path of the multi-path model y the 
Hermite function generators are followed by realizable linear networks 
containing adjustable parameters. This investigation considered a class of 
non-linear systems belonging to Zadeh*s class y] v However , a large number 
of nonlinear processes fall in this category and the present study , therefore , 
is not unduly restricted . 

1. Introduction 

Physical systems, strictly speaking, are non-linear. However, exact solutions of 
problems associated with the non-linear systems have been far from satisfactory due to 
the lack of a unified analytical non-linear theory. Mathematical solutions of the simpler 
cases have been obtained and Van der Pol’s equation for the relaxation oscillators is one 
of the early attempts. But such examples are few and in general, so far, no unified 
theory has been developed to solve the non-linear problems completely. Most of these, 
however, have been reduced to linear problems and satisfactory solutions have been 
obtained. The high degree of accuracy required in the space research programmes 
and other sophisticated military applications, could no longer be achieved by 
the linearization techniques. Exact and explicit solutions are needed in such cases. 

* Written discussion on tins paper will be received until January 31, 1967, 

Thu paper um received Qn April 20 , 196$, 



38 


THE INSTITUTION OF ENGINEERS (INDIA) 


In the field of automatic control systems and allied applications, certain 
techniques have been evolved for solving the problems of non-linear systems. Notable 
among them are: 

(i) The describing-function analysis ; 

(ii) The phase-plane technique of Poincare ; 

(iii) The series approximation methods including perturbation technique; and 

(iv) Liapunov’s methods. 

During the late 1950’s an entirely novel technique was proposed by Norbert 
Wiener. For analysis and synthesis of the non-linear systems, a Gaussian input was 
suggested as the investigating probe. It was argued by Wiener that there is always a 
finite probability that the white noise will, at some time, approximate any time-function 
arbitrarily closely over any finite time interval. 

Although, the Wiener characterization of the non-linear systems is unique, having 
a wide scope, its practical realization has not been probably achieved so far. 

2. Problems of identification and self "optimization 

While the research in the non-linear control field is progressing, its two related^ 
problems have assumed great importance. These are : 

(i) The identification of a non-linear process dynamics ; and 

(ii) The self-adaptive systems. 

An adaptive control system has two important aspects, viz., (i) identification; and 
(ii) actuation. The problem of identification refers to the continuous measurement of 
dynamic characteristics of the controlled process. An adaptive control system has to 
measure automatically and frequently its process dynamics during wide range of 
operation. The identification problem is, therefore, of very great importance. 

The measurement of dynamic transfer characteristics in the case of linear systems 
is relatively easy and a large variety of techniques exist. A novel, yet, simple procedure 
for the continuous evaluation of process transfer characteristics of lineai*systems has 
been given by Kitamori. 2 His work further extends to the design of the self-optimizing 
systems. 

The identification problem is, however, much more difficult in the case of non¬ 
linear systems. All the existing techniques either fail mathematically or are reduced 
to approximation methods. The only available explicit analytical approach is that 
of Wiener. 

The self-optimizing systems have been studied extensively in the linear systems. 9 
The mathematical and graphical tools available are easy to handle and variety of design 
techniques exist. For the non-linear systems, however, the progress in this direction 
is far from satisfactory. Practically no significant work has been done. 

3. Characterization of a non-linear process and equivalent model construction 

A class of non-linear systems has been defined by Zadeh 4 in the manner given 
below. 
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The class ty, is defined by the input-output relationship for a two-terminal system : 

y(t) = | K [x (t — t), t] dr (1) 

o J 

where x(t) is the input function of time, y(t) the output function of time, r the variable 
of integration and K W* — r), r] is any real function of x(t — r) and r. 

The generalization of equation (I) leads to the equation, 

K W* — Tx), x(t — r 2 ). x(t — t„) ; r lt r t , .r n ] 

0 0 0 

dr v dr . dr n 

defining the class *)„. 

It is readily seen from equation (1) that the following classes of systems are the sub¬ 
classes of the general class 

(i) Attenuators: 

00 

lAt) = | K b(r) x(t ~t)Jt = K x(t) 

0 

(ii) Linear memory systems : 

y(t) = | x(t — t) h(r) dr 
0 

(iii) Non-linear systems with zero-memory : 

00 

y(t) = | F[x(t - t)] ir = FM<)] 

0 

(iv) Non-linear systems with memory : 

<30 

y(t) = | F[x(t - r)] A(r) dr 
0 

The lest sub-class can be represented by a zero-memory system described by the 
functional F[x(/)]. followed by a linear network as shown below. 



A slightly different representation® of the class r)i. is given by the following equa¬ 
tion : 

y(t)= 5 \<f> a Ht-r)]h n (r)dr (2) 

H-o 5 

where x{t) and y(t) are the input and output time functions and <f> n WO] are linearly 
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independent nth orthonormal polynominal with respect to the first probability density 
of the input x(/), and h(t) the linear network weighting function. 

4. Theory of equivalent multi*path systems 

Zadeh 4 has shown that a two-pole non-linear system of class *h, can be cannonically 
realized by a parallel combination of pairs of two poles in tandem, the nth pair being 
made up of a zero-memory non-linear two-pole system having the input-output 
relationship given by 

!/W=/nM01 

and a linear two-terminal network with impulse response, h n (t). Thus, any non-linear 
two-pole of class '/), can be realized approximately in the form shown in Fig. 1. 



Fig. 1 

A non-linear two-pole system 


It has been shown 8 that the defining equation (2) of the class *) lf leads to the practi¬ 
cal realization of a given non-linear system belonging to this class in the form of a 
number of parallel paths based on Zadeh *s realization technique, each path containing a 
zero-memory non-linearity followed by linear memory network, the summation sign 
extending over N paths. 

If the given non-linear system is having no memory, equation (2) can be written as 


00 

si 


4>n [x(t - t)] C„ St dr 


y(t)= 5 C »*»M 


where C« are the constants and </>„[*] the orthonormal polynomials with distribution 
p(x) as the weighting function over the whole range of x. 
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Thus, a zero-memory non-linear system can be realized as a number of N parallel 
paths as shown in Fig. 2. 



Fig. 2 

A zero-memory non-linear system 

Similarly a non-linear system defined by the equation (2) will lead to the configura¬ 
tion shown in Fig. 3. 

Now, whenever a non-linear system is described, it will be assumed to belong to 
the class defined by the equation (2). 

5. Procedure of equivalent model realization 

As mentioned earlier, the characterization of controlled processes, whether linear 
or non-nonlinear, is one of the most crucial and important problems in the self-adaptive 
control systems. The theory of realization of a given non-linear system presented in 
the previous sections immediately leads to the characterization of the given non-linear 
process. It also follows that the system, once characterized in terms of the equivalent 
multi-path system, will lend itself to adaptation in the self-adaptive control system. 

The investigating probe for characterization of the given system will be the white 
noise. As Wiener has said that the white noise has always a finite probability to 
approximate any time-function arbitrarily closely over any finite time interval; it 
follows that if a given non-linear system is characterized by the white noise and its 
equivalent multi-path model is constructed, then this model will be identical to the 
given system for any input function of time. 

It is difficult to obtain the white noise in practice. However, the output of a shot 
noise generator, having the frequency spectrum well beyond and well spread over the 
frequency range under consideration, closely approximates the wlrte noise. 
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Fig. 3 

Non-linear system given by equation (2) 


For the white noise input, the first probability distribution is given by 

- ' 

V 2 TC 

Now, the Hermite polynomials are orthonormal with the weighting function e~*\ 
Therefore, the <£„[*] functions will be the modified Hermite polynomials having the 
weighting function, 

1 _ ** 

u)(x) = —-==z e 2 , — co < x < + oc 
yZTc 

The procedure for characterization and equivalent model construction can now be 
explained with reference to Fig. 4. 

The output of the shot noise generator is applied simultaneously both to the 
given system and the modified Hermite function generators arranged in N paths 
followed by the linear network. The latter may be of the forms 

_ k_ fa e-* 2 kv>n % b 0 s m + b l s m ~' + . + b m 

1 + 5 T 1 + S T* S* + 2 $ U) n s + Wn*' do + . + On 

where k» fa. fa. T, u)„, ai\ etc., are the adjustable parameters. 

The output, z(t), of the given system and y(t) of the equivalent multi-path are 
compared and an error, e, is obtained. The mean of the square of this error, ix. f 
€ a , is minimized by adjusting the parameters fa fa, fa, T t etc. of the linear networks. 

Once the equivalent multi-path system is obtained for a desired mean square error, 
it will be the exact model of the given system for any input. 
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Hermite function Variable transfer 
generators function generators 


Fig. 4 

Construction of an equivalent model 

6. Remarks on the construction of the model 

(i) In practice, the mean square error may not be made entirely equal to zero. 

However, a practical limit on the minimum value of the error c 2 , can 
always be fixed. The number of parallel paths in the model then 
depends on the accuracy required to approach the minimum value of 
the mean square error. The minimization of the number of parallel 
paths and its exact dependance on the degree of accuracy needs a rather 
rigorous mathematical treatment. 

(ii) It has been explicitly shown 6 that the weighting functions of the linear- 

networks depend exclusively on the actual output z(t), of the non-linear 
system and the orthonomal polynomials, <£„[*]. A measurement 
technique is conceivable to correlate the output of the actual system 
with the polynomials ^„[x] to evaluate h n (t). 

(iii) It is important, especially when the model is to be used in a parameter 
tracking servo, to consider the mutual interaction of the adjustable 
parameters. That is, once a parameter is adjusted to an optimum 
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value by minimizing the mean square error, it is quite probable that 
during the time the next parameter is adjusted to minimize the error, 
the first may not remain at the optimum position. This has been 
discussed in Reference 6. 
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INFRA RED RADIATION AND ITS APPLICATIONS* 

S. K. Chatterjee 

Non-member 

Indian Institute of Science , Bangalore 

Summary 

This paper discusses the fundamental principles of infra red radiation 
and detection. The transmission properties of infra red radiation through 
the atmosphere are briefly reviewed. The sensitivity of an infra red system 
and the maximum range that can be attained are also discussed on the basis 
of the existing theories. 

1. Introduction 

The discovery of infra red radiation, and its final evolution into a mature engi¬ 
neering operation have led to a complex combination of techniques unique to this field. 
The design of infra red communication systems require a basic understanding of the 
physical background of optics, optical materials, space filtering, small signal electronics, 
spectroscopy, mechanical subsystems, etc. It is also necessary to understand and em¬ 
ploy analytical techniques which are somewhat more sophisticated than those involved 
in the design of conventional types of communication systems. 

The electromagnetic spectrum is divided into different regions, such as, gamma 
rays, x-rays, ultraviolet, visible, infra red, microwaves and radio waves which are classi¬ 
fied on the basis of the methods used to generate and detect the radiation. All objects 
which are not at absolute zero of temperature radiate energy in the form of electro¬ 
magnetic waves. The infra red spectrum extends from 0.72 [x to 1,000 [x which is 
divided into three regions, viz., the near infra red (0.72 [x to 1.5 p), the intermediate 
infra red (1.5 (x to 20 p.) and the far infra red (20 fx to 1,000 [x) on the basis of the res¬ 
ponse of different detectors. The object of the presentation of this paper is not meant 
to be encyclopedic or to be a mere catalogue of all the results obtained in a given field, 
but to discuss some of the already well known fundamental principles that will provide 
a basic understanding of the problems related to the development of infra red equip¬ 
ments, and, in particular, infra red communication equipments. 

2. Blackbody radiation 

The phenomenon of reflection, transmission or absorption of electromagnetic energy 
or a combination of the above phenomena may take place when a body is exposed to 
electromagnetic radiation. The body is called a blackbody when it absorbs all the 
incident radiation at any wave length. It has also been established that a good absorber 
is a good radiator. In terms of the total emissivity, c, a body is said to be a blackbody 
when e = 1 and a grey body when c < 1. The following well established laws govern 

* Written discussion on this paper will be received until April 30,1967, 

This paper tm received on August 24 , 1966. 
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the radiation characteristics as a 

function of temperature 7\ 

to which 

a solid 

body is 

heated. 





Stefan-Boltzmann : E = o 7* 4 



(1) 

Wien : 

£ A _C,x-» OT .( T f) 



(2) 

KT 

= 2,891 (x °K. = constant 



(3) 

Rayleigh-Jeans: 

<fx = 8 K T X- 4 dx = 8 n 

-■4 

dx 

(4) 

Planck : E^ 

= Q X~ 8 £exp. - 1 

r 


(5) 


where E is the radiant emittance, 


px the radiant energy density within a range X and 


X + d\ K = Boltzmann constant = 1.38x 10“ 23 joules °K.“\ o Stefan-Boltzmann 
constant =- 5.668 X 10' 8 watts m“ 2 °K.“ 4 , calculated from atomic constants appearing 
in the integration of Planck’s equation, X m the wavelength at which maximum radiation 


takes place, C 2 = (271 c 2 h) = 3.74 X 10 8 watts [x 4 m“ 2 , C 2 


( c /c) = 14388 x 


jx °K., c = velocity of electromagnetic waves in free space, h the Planck’s constant 
= 6.62 X 10 27 erg.-sec., and E ^ the spectral emissive power. 


The Wien's displacement law [equation (3)] is illustrated in Fig. 1. It is evident 
that the peak energy emission occurs at shorter wavelength as the temperature of a 
body is raised. The Rayleigh-Jeans law shows that the energy density of radiation 
varies directly as temperature T x and as square of the frequency v 2 . This conclusion 
leads to what is known as ‘ultraviolet catastrophe*. Planck's law which is derived on 
the basis of quantum mechanics holds good for all wavelengths. The deviation of all 
other laws is illustrated in Fig. 2. Due to the complicated nature of Planck's radiation 
law, the calculation of quantities, such as, the total emissive power, emissive power 
within a given wave length range, the number of quanta in blackbody radiation, 
and combinations of these quantities is done with the help of slide rules, nomographs 
and Tables 1 -4, evolved to reduce the labour of computations. 


3. Spectrum of gases 

The spectral emission of gases is a consequence of electron transition between 
allowed energy levels. In spectral emission, unlike the continuous spectrum from a 
blackbody, the radiation is a rapidly varying function of wavelength. The absorption 
characteristics of gases when exposed to electromagnetic radiation depends on the num¬ 
ber of lines in a band, spacing, shape and half width of the lines. The shape of the 
lines determines how the absorption of radiation by gases depends on pressure and path 
length of transmission. The thermal motion of the molecules, natural lifetime of an 
excited state, interaction and collision between neighbouring molecules contribute to 
the finiteness of the width of the spectral lines. The line shape (Lorentz) due to colli¬ 
sion broadening decreases at wave numbers away from the centre, whereas, the line 



Fractional deviation 
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Spectral emittance of blackbody 



Fractional deviation 
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shape (Doppler) due to the to and fro motion of the molecules with respect to an obser¬ 
ver is concentrated near the centre and decreases exponentially at the wings. The 
uncertainty of our knowledge of the product of the energy and mean lifetime of an 


atomic state being equal to ^ (Heisenberg’s uncertainty principle), where h is the 

Planck’s constant, and the mean lifetime being definite, the exact measurement of 
energy is not possible. This also contributes to the broadening of the lines. It is 
shown by quantum mechanical calculation that the line half-width is proportional to 
pressure but its temperature dependence is a function of different molecular interactions. 


4. Absorption 

The atmospheric gases, such as C0 2 , H 2 0, 0 3 , N 2 0, CO, CH 3 , A, N 2 , and 0 2 give 
rise to attenuation depending on the wavelength of radiation. The first three gases 
have strong absorption lines compared to other gases and the peak of the absorption 
lines is given in Table 1. 


Table 1 


Absorption spectrum 


Gases 

Wavelength fx at which peak absorption takes place 

co 2 

2.70 

4.30 

15.0 



o. 

4.80 

9.60 

14.2 

— 

— 

h 2 o 

1.38 

1.87 

2.7 

3.2 

6.2 


The attenuation is also produced due to scattering of radiation by gaseous mole¬ 
cules, particles and water droplets suspended in the atmosphere. If there is no over¬ 
lapping of lines in a band, the fractional radiant absorption A for a mass u of absorbing 
gas per unit area and over a finite frequency interval, Av, is given, in terms of, the 
absorption coefficient £ v , by the following integral: 

y 4 == i|[ , ~ exp (-^ u )] rfv (6) 

Av 

The absorption coefficient is a* rapidly varying function of frequency v, which 
leads to some difficulty in evaluating A by integiation. Several models (Fig. 3) known 
as Elasser, 6 statistical, and random Elasser 7 ’ 8 have been proposed which help fairly 
accurately the calculation of absorption of infra red radiation when transmitted through 
the atmosphere. The Elasser model holds good when the spacing and intensity of the 
lines are uniform. The statistical model is applicable wfien the spacing is random but 
the intensity of the lines is governed by a distribution function. The random Elasser 
m&del consists of several Elasser bands superimposed on each other. The models as 
Represented analytically are given below. 











Absorption coefficient 
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Elasser, statistical and random Elasser models 


dz 


A (Elasser model) - 1 - £ jexp. [ ( - os jf p ^~“)] 

-CD 

A (Statistical model) «= 1 — 

M 

A (Random Elasser model) = 1 — "|J{1 ~ ^ l(i P** Jr,)*]} 


where the product is taken over the M superimposed Elasser bands, 



d = mean line spacing, 
S u 

X -a - 

2tc a 


a = line half-width, 

S = line shape factor, 

di 

Si u 
2nm 


Pi - 


(7) 

( 8 ) 
(9) 


> for the fth Elasser band, 
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<Kz) = (Jjj jexp. (- z‘) dz, 
o 

N = number of Elasser bands which are randomly superposed • 

The spectral regions between any two principal absorption lines can be utilized 
for transmission of infra red radiation. The transmission data as reviewed by Elder 
and Strong 9 can be fitted approximately to equations of the form 

r- - Kiog«>+r 0 (io) 

where T' is the selective window transmission in percentage, tv represents the water 
vapour concentration of the absorption path, K and T 0 are the empirical constants for 
each window. The following table represents the infra red windows in the atmosphere. 


Table 2 

Infra red windows 


Window 

Wavelength ([x) interval 

K 

To 

i 

0.72-0.92 

15.1 

106.3 

ii 

0.92-1.10 

16.5 

106.3 

hi 

1.10-1.40 

17.1 

96.3 

IV 

1.40-1.90 

13.1 

81.0 

V 

1.90-2.70 

12.5 

72.5 

VI 

2.70-4.30 

21.2 

72.3 

VII 

4.30-5.90 

— 

51.2 


5. Background radiation 

Any infra red system viewing a target which may be seaborne ground or airborne, 
receives radiation not only from the target but also from the background in which the 
target in situated. The radiation from the earth and ocean depends on the emissivity 
and temperature of the surface. The sky radiation depends on the molecular emission 
of the atmospheric gases and/or the scattering of sunlight by the molecules and suspended 
particles in the atmosphere. Since the effective temperature of the atmosphere lies 
between 200 °K. to 300 °K., *he maximum emission of radiation occurs near 10 fx 
and has an approximate value of 3 X 10~ 3 watt cm." 2 fjtr 1 . In the wavelength range of 

3 |x to 4 (x, the molecular emission and scattered sunlight radiances are equal. Above 

4 |x radiation due to scattered sunlight is very small and radiation due to molecular 
emission predominates. But at shorter wavelength radiation due to scattering pre¬ 
dominates and that due to molecular emission is comparatively very small. The stars, 
aurora and other celestial bodies also radiate and in some cases, the radiation due to 
celestial background influences the operation of an infra red system. The visual 
magnitude (m) of the radiation flux of some of the celestial objects as measured by 
a lead sulphide detector is given in Table 3 which shows that sun is the brightest 
object. 










CHATTERJEE: INFRA RED RADIATION AND ITS APPLICATIONS 


53 


Table 3 


Visual magnitude of some celestial objects at maximum brightness 


Sun 

Moon 

Venus 

Mars 

Jupiter 

-26.8 

-12.6 

-4.4 

-2.8 

-2.5 


The visual magnitude m, is given by the relationship 



where / 0 is some reference irradiance and / the effective radiance in watt per cm 2 . 

6. Infra red detectors 

The detectors that are in use or may find wide applications in the infra red regions 
may be broadly classified as given below. 

Detectors 


Thermal Photon 


Bolometer Thermistor Thermocouples Pneumatic cells 


Photographic Phospho- Photocon- Photo Photo- Photo- Micro¬ 
rescent ductive voltaic emissive cletro- crystalline 

magnetic films 

The process of stimulated emission as in optical maser may also be used for detection 
of infra red photons. The detection may also be achieved by utilizing the process of 
absorption and then excitation of electrons from a metastable level into a higher level 
and then decay into a lower level resulting in the emission of a photon. Many other 
types of detectors such as zinc doped germanium (ZIP), infra red vidicon show good 
promise of finding applications, due to their high directivity and rapid response charac¬ 
teristics. 

As the radiation is quantized, both the types, thermal and photon are quantum 
detectors. From the thermodynamic point of view of classification of solids, the thermal 
detectors may be classified as lattice type composed of atoms and molecules, whereas, 
the photon detectors may be said to be of electronic type characterized by the consi¬ 
deration of energy levels such as valence band, forbidden band, impurity levels, con¬ 
duction band. 
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When a thermal detector is exposed to infra red radiation, the absorption of photon 
leads to the heating of the lattice, which causes a change in the electronic system. 
Bolometer, and thermistor operate on the principle of change of resistance caused by 
heating, the difference being that the bolometer is characterized by positive temperature 
coefficient, whereas, the thermistor possesses negative temprature coefficient. In the 
case of thermocouple, the voltage, e, developed at a junction due to a change in tem¬ 
perature of AT is related to the thermoeletric power P(T) as c = P(T) AT. For 
example, P(T) for Bi-Sb junction is 10“ 4 volts per °C. The pneumatic cell operates on 
the principle that heating due to absorption of photons causes an expansion in the 
volume of gas, Golay cell 13,14 (Fig. 4) operates on this principle. When a thermal 
detector is exposed to heat radiation, the net heat flow W(t) into the detector is due to the 
combined effects of heat flow from surroundings ( W r ), heat flow due to radiation from 
the source (W a ) t heat flow due to change in the operating characteristics (lV op ) such 
as Peltier effect, change in the biasing current, heat flow from the detector to the 
surroundings (W r ') t conduction flow between the detector and background (H^). 
In order that the detector may be able to discriminate the target from the background, 
it is necessary that W ry W of3 > W r \ \V C remain invariant. So the net heat flow equation 

W(t) = W r +W a + W op - Wr ~ W c (12) 

reduces to 

W(t) « W 0 (constant) + fF, ourcc ( t ) (13) * 


,Liqht source 


Gnd 


Flexible 



^Capillary leak 


Infrared 
window 

Radiation- 
absorbing 
membrane 


Fig. 4 
Golay cell 

Semiconductors which operate as detectors in the infra red region undergo a change 
in conductivity Act, under the influence of incident photon flux F s according to the 
following relationship involving the carrier lifetime r, equilibrium carrier concen¬ 
tration rto and the effective reponsive quantum efficiency 




Act 


* Ml+coV)*} 


(14) 


when the incident radiation flux F, t is modulated with an angular frequency co. In 
order that the semiconductoi detector may be broadband, the long wavelength 
limit, X e , should be as large as possible which may be achieved according to the 
1.24 

relationship, X c ** -g-, by reducing the forbidden energy gap E g (electron volts). For 
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semiconductors, E g can be reduced by doping with impurities. For impurity type 
detectors, the absorption coefficient a depends on the density N and cross-section of 
impurity level atoms according to the relationship oc=a N. As the absorption coefficient 
of impurity type semiconductor is small, the thickness of the crystal for maximum 
absorption of incident radiation should be large, whereas, intrinsic type of semicon¬ 
ductor possesses high absorption coefficient and hence a very thin intrinsic type 
semiconductors will be sufficient to absorb most of the incident photons. For example, 
for gold doped germanium a ^0.14 cm.* 1 , whereas, for intrinsic type, near the main 
band region a - 10 4 cm."* 1 . This makes it possible for intrinsic type to absorb most 

of the photons within 1 [i of the surface, whereas, an impurity type would require a 
thickness of about 1 to 10 mm. for the absorption of most of the radiation energy. 

The photographic type of detection at longer wavelength has been achieved by 
mixing certain dye compounds with colloid suspension of silver halides. Both silver 
bromide and silver iodide are used for infrared sensitive materials. If the only com- of 
ponent in the gelatin is silver halide, the spectral response is limited to wavelength range 
less than 0.5 fx. But the addition of dye compounds increases the range to about 1.4 (x. 
The process of absorption of photons with consequent reradiation by phosphors 15 
has been utilized for the purpose of detection. 

A photovoltaic detector is made of p-n junction semiconductor. The spectral 
response is determined by the forbidden energy gap (j E g ). The space charge layer 
formed at the transition boundary of the junction creates a local electric field which is 
responsible for the movement in the opposite direction of the charge carriers which are 
generated due to the formation of the electron-hole pairs created by absorption of 
photons. This creates a voltage at the junction. 

Certain semiconductors, viz ., Cs 3 Sb, and Na 2 K Sb : Cs act as detector due to 
surface emission undei the influence of photon excitation. The forbidden band eneigy, 
E g , electron affinity E a , and long wave limit, X c , of these materials are given in Table 4. 

Table 4 

Eg , E a and X c for photo emitters 



E gy electron volts 

£ a , electron volts 

K (f*) 

Cs 3 Sb 


0.45 

0.6 

Na, K Sb : Cs 

1.0 

0.55 

0.8 


The process of photo-emission may involve the following processes : 16 (i) excitation 
of an electron by the absorption of a photon, (ii) transport of the electron from the 
point of excitation to the surface of the emitter, and (iii) the emission of the electron 
through the surface potential barrier at the inter-face between the emitter and vacuum. 

In photo-electromagnetic detector 17 the detection of the electron-hole pair 
-created by incident photons, may be achieved by a magnetic field. The electron-hole 
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pairs produced at the front surface of a semiconductor by incident photons diffuse 
downward. When a magnetic field is applied perpendicular to this initial diffusion 
current, the charge carriers, electrons and holes move in the opposite direction, resulting 
in a photovoltage. 

Certain intermetallic compounds such as PbS, Pb Te, Pbse, Tl 2 S 3 in the form of 
microcrystalline film exhibit detection properties. 

The ultimate sensitivity of a system depends on the signal, S, to noise, N t ratio of 

S 

the detector. The jy ratio is referred to the background limited condition (Blip) 

which takes into consideration both the lattice induced noise and noise due to back~ 
ground radiation. The noise figure, F t of a detector is defined as 



and is unity for an ideal Blip detector and is greater than unity for a non-ideal detector. 
For an ideal Blip detector, noise is only due to the background, the lattice induced noise 
being zero. The lattice induced noise is reduced by cooling the detector with liquid 
nitrogen or liquid oxygen. Lead sulphde detectors work well at room temperature and 
PEM detectors work almost under Blip condition at room temperature without cooling. 
Table 5 gives the F value of Insb detectors worked under different conditions. 


Table 5 

Values of F for Insb detectors 


T in °K. 

Photoconductive 

Photovoltaic 

Photo-electromagnetic 

90 

10 

5 at 

300 at 

292 

300 

T — 78° K. 

T = 292° K. 


7. Optics of infra red systems 

Infra red optical systems such as reflecting (Fig, 5), dioptric (Fig. 6), catadioptric 
(Fig. 7) are similar in principle to the visual optics. The main differences between the 
two systems are (i) X (infra red) > X (visual), (ii) many materials which are transparent 
iii the visual range are not so in the infra red range, consequently, the construction of 
lenses and mirrors in the infrared reqires the use of different matei ials. The limitations 
in imaging characteristics due to diffraction effects are function of X. For example for 
a point source of wavelength X, the image produced by an optical system of aperture D 

K f f 

and effective focal length is a central image of diameter d = where N = g, and K 

is image size factor. Due to the refractive index n = /(X) and the fact that X covers 
several octaves, an error similar to chromatic aberration in visual optics arises in infra red 
optics. Table 6 gives an idea 10 of the image size of systems made of different material. 


















The chromatic aberration can be reduced by using combination of two lenses 
with different refractive indices. The reflective system suffers from the disadvantage 
of reflectance loss and consequently low transmission efficiency, but it has the advantage 
that it is free from chromatic aberration. The catadioptric systems possess the advan¬ 
tages of both the dioptric and reflecting systems. The Maksutov and Bouwers systems 
are very suitable for wide angle operation. In order to, improve system sensitivity field 
lenses in addition to the above systems are used. The use of field lens enables to 
reduce the image size and hence the size of the detector. 
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8. Materials for optical systems 

/ | \2 

A lens made of material of refractive index n, will reflect a fraction of —« of 

(n+ 0 2 

the incident radiation. The system design requires a high infra red transmission 
and low visible transmission. The high transmission efficiency can be achieved by 
reducing the loss due to reflection by coating the surface of the lens with a material of 
refractive index, n/, such that n = n/ 2 . The material coating thickness d, should be 
such that the following condition in addition to the condition n/ = y/ n is fulfilled. 


n d cos i = (2 m + I) 


05) 


m == 1, 2, 3.. when the incidence of the radiation takes place at an angle i, 

to the film normal. The materials used for antireflection coating are glasses, titanates, 
intermetallic compounds, halides, chalconides of lead, rare earth fluorides, etc. 


9. Space filtering 

An infra red system may receive radiation from a desired target, or from a source 
which is not a target or fiom combination of both. The problem of detecting the 
desired information from an irrelevant information is done by using a reticle in the 
telescope image plane. The reticle is given a suitable motion such that the resulting 
modulated flux function causes the target signal to stand out conspicuously from the 
background signal. This signal is then passed through an electronic filter which 
separates the signal of the target from that of the background. The recticle which is a 
mask composed of alternate opaque and translusccnt portions may be of several types, 
such as checkerboard type, picket fence type or slanted bar type (Fig. 8). The various 
types of scanning systems employed in the design of infra red system is shown in the 

Fig. 8. 

10. Infra red source 

The phenomenon of excitation of molecules electrically as in arc lamps has been 
utilized in making infrared sources with gases like helium, cesium, mercury, zenon. 
The observed radiation consists of the superposition of these random emissions which 
is responsible for making these sources incoherent. A tungsten filament lamp also acts 
as an infrared source. It is however a broadband device. When operated at 2,900°K., 
maximum portion (80%) of the radiated energy lie in the near infrared, 10.7% 
in the visible region, 0.1% in the ultraviolet region and the rest (9.2%) in the far infra 
red region. Cesium vapour lamp radiates strongly at 0.85 |x and 0.89 (x but only 22% 
of the total radiated energy is in these two lines. The detectors generally used with 
xenon are lead sulphide cells whose wavelength range of response is between 0.8 (x to 
3.5 fx which corresponds to the frequency range of 37.5 X 10 7 me and 8.57 X 10 7 me, 
i.e. t a band width of 289.3 X 10 6 me. This may seem to be able to accommodate a 
large number of communication channels. But due to the incoherent nature of the 
source, only one channel is obtained. 

11. Infra rad systems 

The function of an infra red system is to sense the source, process suitably the 
information and finally make a decision. The capability of a system to detect the 
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desired target will depend on the system noise and background noise. The physical 
mechanisms of the different types of system noise are well understood and are sum¬ 
marised in Table 7. 


Table 7 
System noise 


Types of noise 

Physical mechanisms giving 
rise to noise 

Types of detectors 
concerned 

Radiation noise 

1 

Bose-Einstein fluctuation of 
infra red photons 

All detectors 

Generation-recombina- 

Fermi-Dirac fluctuation of cur- 

Photoconductive, Bo- 

tion noise 

rent carriers 

lometer 

Shot noise 

Random emission of electrons 
due to thermionic emission 

Thermionic detector 

Temperature noise 

Temperature fluctuation 

Thermal detectors 

Thermal noise 

Thermal agitation of current 
carriers 

AH detectors 

Modulation noise 

Resistance fluctuation in semi¬ 
conductors 

Photoconductive and 
Bolometer 

Contact 

Resistance fluctuation at con- 

Photoconductive, Bo¬ 


contacts 

lometer 

Flicker 

Fluctuation of work function 

Thermionic 


The noise due to background radiation may be described by the two dimensional 
autocorrelation function or its Fourier transform called the Wiener spectrum. The 
system performance which is limited by the internal and background noise determines 
what and how far can it sense and detect. The following integral gives the relation 
between voltage V(J) developed at the output of a detector of responsivity R (X, /) to 
the signal radiant power W (X), 

00 

*'(/) = J*(/.x)»W* (17) 

0 

The response characteristic of the detector which is dependent on both frequency 
and wavelength can be separate into frequency dependent term R\ (/) and wavelength 
dependent term Rf 0 (X), where both R\ (J) and Rj 0 (X) are mutually exclusive. If the 
output of the detector is passed through a filter of characteristic ( F(J) | and if the noise 
. power spectrum of the detector is denoted by | N (J) 1 2 » the signal, (o,), to noise, v„, ratio 
of any detector system is then given by the relationship, 

QQ 

ki [*/. (X)^(X)JX 

v, * 


(18) 
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Fig. 8 

Scanning classification 




where k v represents the encoding factor. The noise equivalent flux density (NEFD), 
which determines the figure of merit of a system and which is used to calculate the 
maximum range over which a system can usefully operate is related to the system 
detectivity D, y ,. and the area of the radiation collecting aperture /4 0 , by the following 
relationship : 


NEFD = 


_1_ 

(Aq D,y t ) 


(19) 


where, 


v, 



W'(>) 


(21) 
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Tlie factor kt (X) accounts for the transmission loss suffered by the ladiation in 
passing from the optical system to the detector. 


12. Range equation 

The determination of maximum range, /?, at which an infra red system can detect 
a target requires the detail analysis of the spectral radiance properties of the target, the 
spectral transmittance ka (X, R) of the path between the target and the system, the res¬ 
ponse of the detector Df 0 * (X), the characteristics of the collector system, radiant 
intensity J (X) of the source and area of the detector, Aj. The range equations for a 
point source, i'.e„ a source which cannot be further resolved optically and an extended 
source are respectively given by the following expressions : 5 


R -< 

(point source) 


OO 

h_y kn A„ j Df 0 


(X)7WU>) k, (x) dx 
[AAW 


R 

(extended source) 


k„ | k t (a) kAV D, 0 * (l) J (a) d). 


_ o 


00 

«\k, WV (>,) dx 


G) 

G) 


( 22 ) 


(23) 


where (A/)„ is the equivalent noise band width at a centre frequency / c , kn the ratio of 
the noise at the test frequency to that at frequency /c, B n l (X) the background noise 
radiance level at the entrance aperture, and Q the total solid angular field of view seen 
by the single detector element. 


Ratio — in equation (23) indicates the noise-signal ratio for the extended source. 

Evidently, the range depends on atmospheric transmission, source area, flux, brightness, 
modulation, beam widths, responsivity of detector, focal lengths of receiver, noise, etc. 

13. Communication system 

In a communication system (Fig. 9) the intelligence is transmitted by encoding the 


radiating beam. In any communication system, the ratio J which can be used to 
find the maximum useful range of transmission is given by the relationship (5). 

K 7 B A b D X *D 0 


R* {N) [0 (A/*)]* 


(24) 


where 


K| ““ ky kn kg kb ka km 

where, km i* the modulation efficiency, kb (X) the beacon's optical efficiency, ki is a 
factor which accounts for the mismatch between the detector and the exit operation, 

*'i i 
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N indicates the F-number of the objective or field lens, kg ~ (I + g is the ratio of 
electronic system r.m.s. noise voltage to the detector noise voltage over the band 
pass, 8 is the total solid angular field of view seen by the single detector element, B(X) 
the source radiance, D 0 the circular collector aperture diameter, A h the beacon’s lens 
or mirror aperture area, and ^ f (X) the transmission factor that account for energy loss 
between the detector and the collecting aperture. It is observed that greater sensitivity 
can be achieved by reducing the field of view of the receiver and increasing the Beacon's 
diameter. 


transmitter 



MICROPHONE 


receiver 


ATMOSPHERE 



HEADSET 


Fig. 9 


Block diagram of infra red communication system 


Advantages 

The infra red system possesses the following advantages: 

(i) Privacy of communication due to narrow bandwidth, lack of side lobes 

and forward atmospheric scatter, and the ease with which the visible 
part can be removed by optical filter ; 

(ii) Freedom from interference ; 

(iii) Availability of extra channel for communication ; and 

(iv) Simplicity, smaller size and comparatively low cost. 

14. Conclusions 

Though infra red is finding extensive applications in medical and biological elec¬ 
tronics, astronautical purposes such as satellite tracking, celestial probe, military pro¬ 
grammes such as surveillance, early warning and detection, aeiial mapping, search, 
acquisition and track, missile guidance, fire control, counter measures, etc.; it is still, 
relatively, a new science, and extensive research and development work are under 
progress to advance the state-of-the-art. This is a field of basic science which has 
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blossomed and developed through the coopera ive efforts made from several interdisci¬ 
plinary fields and invariably needs further sustained work. The future trends of investi¬ 
gations seem to develop Blip detectors, improve quantum efficiency, anti-reflection 
coatings, optimissing detector thickness relative to absorption coefficient, detectors 
which can work under Blip condition without the necessity of cooling. This would 
require further intense investigations on contact and surface phenomena, physics and 
chemistry of materials, electron-hole recombination process, etc. 
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Summary 

A direct discrete analogue based on Muskingum storage equation, for 
flood routing , has been developed by the U.S. Weather Bureau in the year 
1948. In this , consideration has not been given for the source resistance. 

This paper , gives the remits of the investigation into the effect of the source 
resistance and describes a method to evaluate the correct value. The deve¬ 
lopment of a practical circuit utilizing the correct value of the source resis¬ 
tance and the procedure for routing the outflow discharge hydrograph are 
given. It also gives the development of a discharge-stage converter , to 
obtain the results directly in terms of stages , for facilitating purposes like 
flood forecasting. The outflow in terms of stage is displayed on a digital 
Voltmeter which gives directly in numbers either in ft. or in m. The appli- 
, cability of the analogue is tested , for the reach of about 97 £m. in length , 
between Baramul and Kaimundi on the River Mahanadi , by feeding to the 
analogue the discharge hydrographs at Baramul and obtaining the dis¬ 
charge as well as stage hydrographs at Kaimundi. For obtaining accurate 
remits , a continuously recorded inflow discharge hydrograph was fed to the 
analogue. The analogue offers a quick and accurate method for routing 
flood waves for all those reaches , for which Muskingum storage equation 
holds good. 

1. Introduction 

Electrical analogues can be classified into two major categories, one direct and the 
other indirect. The direct electrical analogues can be subdivided into continuous and 
discrete types. The analogy between the flow of current in an electrical circuit and 
the flow of water in a permeable medium, in accordance with Darcy's Law, has long 
been recognized and has been used in the analysis of flow nets under dams and 
drainage systems. The continuous field analogues are mostly used for this purpose. 
The analogy between the electrical flow and water flow may be exploited much further, 
in the solution of stream flow routing problems. A direct discrete analogue for stream 
flow routing has been developed by U.S. Weather Bureau in die year 1948.** This 
provides a simple, fast and accurate method for routing flood waves. This analogue 
automatically produces the discharge hydrograph for the lower end of any selected 
river reach, when the discharge hydrograph of the inflow at the upper end of the reach 


* Written discussion an fids mar will ba received until April 30,1967. 
This paper was received on Jmt 8,1966. 
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is traced by an operator. In this, consideration has not been given for the source 
resistance. 

2. Basic equations 

Flood routing 

Muskingum storage equation for flood routing, which assumes the storage to be 
proportional to a weighted value of the inflow and outflow, is given by 

S - K[XI+( 1 -X)0] (1) 

where S is the storage, / the inflow, 0 the outflow, K the factor with dimension of 
time, and X the weighting factor representing the relative importance of inflow or 
outflow on storage. 

Electrical circuit 

Refering to the basic circuit of Fig. 1 the total charge across the two condensers, 
Ci and C 2 , can be shown to be given by 

Q = 2 C 1 (R 1 + R t ) £ 2 <i + (' “ 2 (K-rR^) ’ 2 ] (2) 

if Ri = R 3 and C x = C 2 . 



Fig, 1 

B asi c circuit 
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If the mathematical equations representing two physical phenomena are similar, 
then the two phenomena are said to be analogous. It can be seen that the equation 
(2) representing the electrical charge in the circuit is analogous to the Muskingum 
storage equation (1). If the total charge in the electrical circuit represents the flood 


storage, 2(R X + R^) C x represents K, 


Ri 


represents X , the current i x 


2(R X + R 2 ) 

represents the flow into the channe J /, and the current i 2 represents the outflow, 0. 
If the values of the resistors and condensers are so set as to suit a particular reach, 
as given by the values of K and X and a current i lt proportional to the inflow discharge 
hydrograph, is pumped into the above circuit, the current < 2 , represents the outflow 
discharge hydrograph. Thus, it is'possible to obtain an outflow discharge hydrograph 
of a particular reach from the analogue, with a given inflow discharge hydrograph and 
given values of K and X t which are characteristics of the reach. 


Method of determining the correct value of the source resistance 

For tracing the outflow hydrograph, a current i l# proportional to the inflow 
discharge hydrograph, has to be pumped into the analogous circuit. For this purpose 
in the practical circuit given in Fig. 2, a battery with a series variable resistor has 
been used. In addition, as the analogue needs a constant current source, a fixed series 
resistor has been introduced. For evaluating the correct value of the series resistor, 
the following experiment has been performed. As an inflow discharge hydrograph, a 
cosine type of curve has been fed and the outflow traced, by keeping different values of 
the aeries resistor, from 1 megohm to 10 megohm. The Muskingum constants used 
are K ~ 1.0 and X = 0.5. Fig. 3 gives the inflow discharge hydrograph and outflow 
discharge hydrographs for different values of the series resistor. It can be seen 
that with the series resistor of 10 megohms the outflow discharge hydrograph is as 
desired, practically giving a peak of the same value as the inflow discharge hydrograph 
with a time displacement. It can also be seen that with the increasing value of the 
series resistor the peak increases, thus reducing the error. Having thus fixed the value 
of the series resistor as 10 megohms, the battery voltage and the variable resistor are 
chosen so that the pens of the potentiometric recorders connected across the 5 kilohm 
potentiometers will give a reasonably good scan. 


3* Procedure for routing the outflow discharge hydrograph 

Referring to Fig. 2, the values of the resistors, R Xt and R 2 , are adjusted to suit the 

R 

particular reach, according to the equations K = 2 C x (R x + Rg) and X = —rF\ 

l \t\ x ~r i\%) 

and R| is put equal to R v Two potentiometric recorders, ‘Recorder I* and 'Recorder O’ 
are connected across the 5-kilohm potentiometers to record die inflow and outflow 
discharge hydrographs respectively. The 83-megohm potentiometers are adjusted to 
be of maximum value and the switches Si, S» and S* are put on and both the 5-kilohm 
potentiometers are adjusted to give equal deflections at steady condition on the 
recorders. If now the inflow discharge hydrograph is plotted on the 'Recorder F 
and the pen is made to trace it by slowly changing the 83-megohm potentiometer, the 
'Recorder O’ automatically traces the outflow discharge hydrograph. The analogue set¬ 
up is shown in Fig. 4. 
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4* Discharge-stage converter 

For some purposes, like flood forecasting, it is more desirable to obtain a stage 
hydrograph at the downstream point from the analogue. For this purpose a discharge- 
stage converter is developed. This is applicable only to simple ratings. 

For a simple rating, the discharge-stage curve approximates to a parabola. In the 
low current region, the current us. voltage curve of a selenium rectifier is a dropping 
one. This property can be utilized to advantage for the simulation of a discharge-stage 
curve. By a judicious choice of the rectifier and the current range, the curve of the 
current vs . voltage of the rectifier can be made to approximate the curve of 
discharge v $. stage. If then, the currents proportional to the discharges are fed 
to the rectifier, the voltages across it represent stages. If the rectifier having a similar 
current us. voltage characteristic as die rating is inserted in place of the outflow poten¬ 
tiometer in die flood routing analogue and current proportional to the discharge hydro- 
graph at the upstream point, according to the calibration curve of the rectifier, is pumped 



DISCHARGE 
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into the analogue, the voltage across the rectifier will give directly the stage hydrograph 
at the downstream point. Fig. 5 is a forward current us. voltage characteristic of a 
selenium 120 volts r.m.s. rectifier in the current range 2 to 18 micro-amp. As the 
resistance of this suitable rectifier in this current range is of the order of hundreds of 
ldlohms, this cannot be directly inserted in place of the outflow potentiometer. To 
overcome this difficulty the voltages representing the outflow discharge hydrograph are 
amplified by a linear, high gain D.C. amplifier and fed to the rectifier. To limit the 
current through the rectifier to the suitable range a series potentiometer of 10 
megohm is introduced. To facilitate calibration, a 5-megohm potentiometer is con¬ 
nected across the rectifier. The outflow in terms of stage is displayed on a digital 
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voltmeter which gives directly in numbers either in ft. or in meters. The block 
diagram of the arrangement is shown in Fig. 6. The circuit of the discharge-stage 
converter is shown in Fig. 7. The analogue set-up with discharge-stage converter is 
shown in Fig. 8* 




Fig. 4 

Analogue set-up 


5. Results 

The analogue is tested for its applicability for the reach of about 97 km. in length 
between Baramul and Kaimundi of the River Mahanadi. The outflow discharge and 
stage hydrographs at Kaimundi are traced by feeding to the analogue, the inflow 
discharge hydrographs at Baramul. The inflow and outflow hydrographs are plotted 
from the available discharge and gauge data taken from the Water Year-books, published 
by the Central Water and Power Commission for the Mahanadi basin. 

The flood hydrographs at Baramul plotted from the discharge data as observed 
daily thrice for the years 1948, 1949 and 1950 are fed to the analogue and the outflow 
discharge and stage hydrographs at Kaimundi traced. Figs. 9, 10 and 11 show the 
inflow discharge hydrographs at Baramul, observed outflow discharge hydrographs at 
Kaimundi and the ones given by the analogue. The outflow discharge hydrographs are 
traced with one set of constants, R\ ® R 3 = 20 kilohm and R 2 8=5 160 kilohm. It 
has been observed that when the constants for the years 1949 and 1950 are changed 
to Ri ® R z » 40 kilohm and R a 88 190 kilohm, R \» R 3 == 180 kilohm and R a = 1 
kilohm respectively, the results have improved. Figs. 12, 13 and 14 show die 
discharge hydrographs at Baramul, observed stage hydrographs at Kaimundi and the 
stage hydrographs given by the analogue for the years 1948, 1949 and 1950 respectively. 
The Muskingum constants used are R% == R 9 = 20 kilohm and R a ® 160 kilohm for 
the year 1948, Ri ® R* ® 40 kilohm and R a ® 190 kilohm for the year 1949, and 
Ri® R,* 180 kilohm and R a « 1 kilohm for the year 1950. 
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Fig. 6 

Block diagram of the experimental arrangement 



Fig. 7 

Discharge-stage converter circuit 
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Discharge and stag* hydrograph* for Au*u*t IMS 
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6. Conclusions 

The development of a direct discrete analogue for flood routing has been given. 
The analogue offers an efficient tool for flood routing purposes. As it is based on the 
Muskingum storage equation for flood routing, it will be applicable for all the river 
reaches where Muskingum storage equation holds good. If the rating at the down¬ 
stream point is simple, the analogue can give either the discharge or the stage outflow 
hydrograph. For accurate prediction of the outflow hydrograph, a continuously 
recorded inflow discharge hydrograph has to be fed to the analogue. 
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A TEMPERATURE REGULATOR FOR LOW CAPACITY BATHS* 

]. S. Gupta 

Associate Member 

Summary 

The problem of temperature regulation varies very widely. The actual 
design of the regulator depends on the system whose temperature is to be 
regulated as well as the accuracy desired. In this paper , the general develop¬ 
ment of the temperature regulators has been reviewed and a design procedure 
of a temperature regulator for low capacity bath has been illustrated by an 
example. 

L Introduction 

Temperature regulation was one of the first problems to which automatic control 
was applied ; and it still remains one of the biggest fields of its application. The prob¬ 
lem varies from keeping the room temperature at a reasonably constant value within a 
few degrees to those of process temperatures which require accuracies of the order of 
0.01 °C. or less. Starting from a simple bimetal thermostat, some of the most elegant 
methods of control have been devised. The methods of error detection as well as those 
of correction have advanced very much in recent years so that the temperature regulator 
has become a highly accurate instrument of very much improved performance. The 
actual design of the regulator depends on the system whose temperature is to be regu¬ 
lated as well as on the accuracy required. 

2. On-off controller 

The on-off type feedback control system is one of the most widely used types of 
control because of its relatively low cost. The temperature of a low capacity bath 
can conveniently be controlled with the help of thyratron. The performance of the 
controller can be explained with the help of Fig. 1. The output of the bridge detector 
is being fed to the grid of the thyratron through the amplifier. The thyratron 
is supplied by an A.C. voltage and the same is given to the bridge via a transformer. 
As the temperature of the bath rises above the reference value, the resistance of the 
non-linear resistors, RN X and RN 2 , falls and a voltage V a b, 180° out-of-phase with 
the above voltage of the thyratron is fed to the grid of the thyratron. When the value 
of Vab is sufficiently high, the thyratron stops firing and the flow of current in the 
heating element ceases. On the other hand, when the temperature falls below the refer¬ 
ence value, V a b reverses its phase and is consequently in-phase with the anode voltage 
of the thyratron. The thyratron continues to fire and the current keeps on flowing in 
the heating element. 

* Written discussion on this paper will be received until April 30,1967. 

This paper was received on February 16 1 1966 . 
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It is seen that the signal at the grid of the thyratron has no effect on the value of 
the current supplied by it. The control is of the on-off type ; it behaves like a simple 
switch which either turns on a current or turns it off. 

3. Phase lead and reversed lag application 

The simple on-off controller has a fundamental defect that the system oscillates 
about its mean value of the temperature due to presence of time lags, and the desired 
temperature is never attained. The amplitude of these oscillations can be decreased 
by adding a phase lead network. If the frequency is very low, the principle of reversed 
lag 1 depending on the thermal process may be used. 

4. A proportional controller 

The oscillations of the on-off controller can altogether be eliminated by introducing 
a proportional control. The action consists in making the angle of lag between the grid 
and plate voltage vary continuously instead of being switched on between 0° and 180°. 
For this purpose, a second voltage is added to the grid of the thyratron through a phase- 
shifting network. The resultant voltage available at the grid with respect to the anode 
voltage of the thyratron is shown in Fig. 2. 


Fig. 2 

Vector diagram for grid 
voltage 

fa 

5. Analysis of the proportional controller 

Since the system has a regulator, the disturbance in the inlet temperature due to 
changes in room temperature, etc. may be considered as input. Consequently the 
transfer function of the regulator works out to be. 

Us) _!_ 

fii(s) i i KaJKj i t 

]+ QC p V* 

where W is the weight of the water inside the bath, Q the rate of flow of water, T the time 
constant Cp the specific heat of water, and are the inlet and outlet tem¬ 

peratures, K is the constant in calories per amp., K\ the constant of the detector in volt 
per °C, K a the gain of the amplifier, V gl the amplified error voltage, V g2 the voltage 
output of the phase-shifting network, and K 3 the slope of the current vs. fire angle curve 
near 90°. 

The block diagram may be drawn as shown in Fig. 3. 

It can be seen that no instability exists in the above system, which is a first-order 
system only. The accuracy of the system is very high, because of the high gain in the 
feedback loop. All the above deductions exist, however, only for a small change from 
the values at balance point. For larger disturbances, these simple linear relationships do 
not exist any longer. 
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Fig. 3 

Regulator block diagram 


6. Reset control 

Even though the accuracy of the regulator has been increased considerably by the 
proportional control with a high gain in the feedback loop, it is not possible to make the 
error absolutely zero. A small error in 0 2 is always brought in as a result of any 
disturbance U This small error is called an ‘off-set or droop’ and it increases with 
increasing disturbances. This static error can be entirely eliminated by the introduction 
of the ‘reset’ or ‘integral’ control. 

The transfer function of the feedback loop becomes 

after introducing the integral control, where 

if' — KKi K a K 2 
Q C P Vg 2 

Then, the closed loop transfer function from Fig. 4 is obtained as 

Us) _ _ sj) _ 

Us) K' + Q+K’ysTi + s'TTi 

The final value reduces to zero and hence the static error has been eliminated 
altogether. 



Simplified regulator block diagram 
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7. Design procedure for off«on controller 

Let us assume that a regulator is desired for regulating the temperature of a water 
bath having a capacity of about 6 litres per hr/ in the range 50°C. to 100°C. within 
0.5°C. 


Heating system 

Assuming the room temperature of 20°C., the power needed to effect a tempe¬ 
rature rise of about 80°C. for 6 litres of water per hr. is given by 


6XL000X 80x4.18 
3,600 


= 557 watts 


An immersion heater of 1,000 watts readily available may be chosen as a heating 
device. The length of the heater is about 25 cm. For keeping the clearance of about 
7.5 cm., the height of the bath may be taken as 32.5 cm. The diameter of the bath 
may be taken as 25 cm. The empty annular space between the walls of the cylindrical 
bath is filled with glass-wools to prevent loss due to conduction. The error detecting 
elements are put in a thin aluminium container so that the time lag between the error 
voltage produced and the temperature measured is made practically negligible. The 
container is fixed in the top cover to sense the outlet temperature. 

The thyratron tube BT 6 , capable of carrying a steady current of 2.5 amp. and 
having a voltage drop of about 25 volts across it, may be chosen so that the necessary 
power develops in the heating element. 


Detector 

A Wheatstone’s Bridge with two non-linear elements forming the opposite arms of 
the bridge may be chosen for the detection. The bridge may be supplied at 10 volts 
from the secondary of the transformer if the non-linear carbon resistors have the follow¬ 
ing specifications : 

Power rating .. J watt 

Resistance .. About 1,500 ohms at room temperature 
Resistance .. About 40 ohms at 100°C. 

Response of the bridge is shown in Fig. 5. The rise in output voltage is 
approximately 2 millivolt per °C., the rise being better as the temperature 
difference increases. 


Amplifier 

From grid critical voltage and anode voltage characteristic of the thyratron shown 
in Fig. 6 f it is observed that voltage of 3.5 volts (r.m.s.) is necessary at the grid to 
stop the tube firing when the plate voltage is 230 volts (r.m.s.). The output of the 
bridge detector is, howevei, of the order of millivolts; so an amplifier is required to get 
the necessary voltage. 

The gain of the amplifier to achieve a correction within 0.5°C. would be about 
700. The amplifier shown in Fig. 1 uses two stages of the tube 6SL7 of p. = 70. An 
actual gain of 1,300 was obtained at 50 cycles per sec, 
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8. The performance of the on*off controller 

The on-off controller gave satisfactory results for temperature ranging from 36° 
to 75°C. At higher temperature the performance was not very satisfactory. The 
reasons may be as follows : 

(i) At higher temperature, radiation and conduction losses are appreciable 

and cannot be neglected ; 

(ii) The controller is not strictly of on-off type, because slight phase shifts 

of less than 180° are introduced by the transformer and the two ampli¬ 
fier stages. Consequently the firing angle of the thyratron, instead of 
commutating from 180° to 0°, varies over this range. The current 
changes continuously from the maximum of 2.5 amp. to zero ; and 

(iii) The bridge response is non-linear at the higher temperatures, the error 

voltage being more for the same change of the temperature. The 
thyratron is prevented from firing earlier and the current reduces. 

9. Conclusions 

(i) A proper heat insulation should be provided for satisfactory working of 

the bath specially at the higher temperatures. 

(ii) For higher temperature range, either the voltage supplied to the bridge 

may be reduced or the bridge with only one non-linear arm may be 
used. 

(iii) A reversed time lag arrangement can be incorporated by providing a 

thick metal container in the bottom side of the bath itself near the 
heating element, the second pair of non-linear elements being 
enclosed in it. 

(iv) A proportional and reset control may be provided when high degree 

of accuracy has to be attained. 
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TRANSIENT DESCRIPTORS DETERMINING THE PERFORMANCE 
OF LINEAR AND NON-LINEAR SYSTEMS* 

T. R. Natesan 

Non-member 

Faculty of Electrical Engineering , College of Engineering, Guindy, Madras 

Summary 

This paper deals with the effect of ‘transient descriptors * such as rise time, 
peak time, settling time , efc. on f/ie performance of a closed loop linear and 
non-linear second order systems having synchro as error detector. These 
descriptors mainly depend on the figures of merit , viz., the damping ratio 
and the natural frequency of oscillation of the system. The non-linearity of 
the synchro is taken into account and a comparison is made between the linear 
and non-linear transient descriptors. It is reasonable and justified when 
non-linearity of synchro is ignored under steady state operation. But since 
the error is large during transient behaviour, it is necessary to consider non¬ 
linearity. The problem is analyzed for step and ramp input and the devia¬ 
tion of the results from being concurrent, is discussed. The graphs presented 
in the paper give these values quickly for linear and non-linear systems 
without compensation. 1 

Notations 

J = moment of inertia in slug-ft.*, 

F = viscous friction in lb.-ft. per radian per sec., 

K = open loop proportional gain of the system, 

S ■* damping ratio, 

co n = undamped natural frequency of oscillation of the system, 
a >4 — damped natural frequency of oscillation of the system, 
a>,• = velocity of the reference input, 

0j = reference input, 

0 O = controlled variable, 
c as error of the system, 

«' « first derivative of error, 
c" =» second derivative of error, 
t f «* rise time, 
tp = peak time, 

4 = settling time, 

A t « time interval at which numerical integration is carried out. 

* Written ditcuisbn on this paper will be received until April 30,1967. 

Thk paper was received op September 2,1966. 
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1, Introduction 

In theory, all physical systems become non-linear under certain conditions of opera¬ 
tions. 2 In certain cases the degree of non-linearity is so small that it can be ignored 
and the system can be treated as linear. In analyzing any linear system, the following 
conditions are assumed : 

(i) The magnitude of the response of a linear system to any disturbance 

is strictly proportional to the magnitude of the disturbance and its 
form is independent of that magnitude. 

(ii) The properties of the component elements of the system-inertia, 

friction, stiffness and so on are constant and in particular do not 
vary either with time or with the magnitude of the electrical or 
mechanical stresses impressed upon them. 

(iii) The component elements of the system are lumped. Question of 

wave motion due to properties distributed in space do not arise. 3 

A comprehensive and satisfying theory has been worked out only for linear systems. 
It is indeed fortunate that so many practical systems, in spite of the existence of non- 
linearities in them, do behave almost as if they were linear so that we can analyze them as 
if they were completely linear and yet get a reasonable approximation to their true 
behaviour. When the departure from non-linearity is small, it is often sufficiently 
accurate to treat a system as linear, using in the analysis the mean values of the system 
coefficients over the working range. But even when a system is markedly non-linear, a 
linear analysis is of considerable use and importance. 

2. Error measurement 

An important process in servomechanisms is the measurement of the error between 
input and output shafts, and the production of output signals in electrical form 
proportional to it. The processes of data conversion and subtraction are involved. It is 
possible to perform the subtraction first, i.e., mechanically, and then to convert the 
difference into an electrical signal. Fig. 1 shows the application of the synchro to this 
problem of error detection, giving a system that is suitable only for A.C. 

e(t) = E a sin to t sin (0; - 0 O ) = E a sin co t sin € (1) 



Fig. 1 

Synchro system for obtaining a voltage dependent on error 
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From the servo point of view, the fact that this voltage is alternating is not of 
primaiy importance; its magnitude only gives the information required. Therefore, 
we may write 

| 1 1 «■ E a sin c 

where | e | denotes the magnitude of e(t). When the error is very small, we may write 

e = E a e 

that is, for small error as during steady state performance, the magnitude of the 
alternating voltage is proportional to the error, the latter being expressed in radians. 

3. Closed loop response of linear system with ramp input 

The closed loop transfer function is 

<W*> _ _] __ (J\ 

e,(s) 5 2 + 28o) n sW K) 


If the input to the system is a unit ramp, R(s) — ^ , the output is 


w "?( i i + 28 «„r+ u , i ) 

for which the inverse transform is 4 




where 


%(t) « / 


2J_ 

COn 


+ 




0) nV /l ~S a 


sin (a>j t + i>) 


<f> = tan - " 1 


T2SV 1 — S*1 

L 2 S 2 — 1 J 


(4) 


For step input, response time, peak time, settling time, etc. are defined with 
reference to the displacement of the controlled variable. But for a ramp input the 
abovementioned transient descriptors cannot be adjudged with reference to displace¬ 
ment. If the rise time, t„ is to be determined based on the displacement of the 
controlled variable shaft, then from equation (4) 

—28 e -$“>nt r 

. 4 - *2 sin + <£) = 0 ( 5 ) 

w n y I — S 2 

i.e., 

2 8 \/l — 8 a c 8cUnr tr — sin (co^ t r + <j>) (6) 

Determination of w n t r from equation (6) is extremely laborious by analytical method. 
Therefore, a graphical procedure is followed. The exponential and sine curves are 
plotted for different values of co ft t as shown in Fig. 2(i) and the point of intersection is 
determined. This is repeated for different values of damping ratio. From the sine 
and exponential curves, another graph is drawn as shown in Fig. 2(ii) connecting 
damping ratio and <*> n t r . It is seen from Fig. 2(ii) that the curve is asymptotic to a line 
8 = 0.29. This observation leads to the conclusion that if the damping ratio is greater 
than 0.29, then the output shaft never reaches that of the input. However, for any 
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value of S in the limit 0.29 < 8 < 1 , some variable in the system should have an overshoot. 
Therefore, to use displacement as the criterion to define the transient descriptors for 
the ramp input is incorrect and hence velocity has been chosen. 



Radians 

(i) 

Exponential and sine curves for different 
values of 0 J n t 

Fig. 2 


Damping ratio 

(ii) 

co n t T vs. damping ratio graph 


4. Determination of descriptors 

Differentiating equation (4) with respect to t, we get an expression for the velocity of 
the controlled variable. 


Rise time 


<.-Sco„ t 


if = 1-[c oj cos (o>j t + <t>) — 8co n sin (coj t + <f>)] (7) 

dt <*>nV 1 — 8 2 

To determine the rise time, equate the exponential term in equation (7) to zero 
—8co n t r 

e " r / . i t\ ^ i i\l_n /Q\ 


“n-V/ 1 “ 8 * 


Therefore, 


cos (wj t, + <f>) — 8to„ sin (u„ t r +'/’)] = 0 

- .- * 0 

V 1 — 8 * 

— tan (au t, + <f>) 


From equation (9), the values of o>„ t, for different values of damping ratio are 
plotted as shown in Fig. 3. 
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Peak time 

Similarly, the peak time is determined by equating the second derivative of equa¬ 
tion (4) to zero 

dt* 


' = ten (o), t p + <f>)~ -- .^ 1 - v * = 0 


l s 2 - 1 

tan (toj t p “f- </>) = tan </> 
<»dtp = n 

co n t p — . ~L.~ 

P V 1 - 8 a 

Peak overshoot 

Substituting w n t p in equation (7), we have 


( 10 ) 


(#) 


= 1 — e 


POR = 100 e 


v'T-”8» 

“»vT-8* 

8 n 

’ vT-S 2 


01 ) 


Settling time K 

Let us assume a tolerance band of F percent which is 2% in the problem chosen. 
The system is considered as having reached steady state, once the controlled variable 
stays confined within the tolerance band. The time required to do this is called ‘settling 
time*. In equation (7), the exponential term should be equal to the tolerance band. 


i.e., 


<*>„ U 


100 e-S^n*. 
“ ? lo *0 


I 


( 12 ) 


\F^ | _ sV 

Equations (9), (10), (11), and (12) are expressed graphically in Fig. 3 for F equal 
to 2% with 8 = 0.1 to S == 0.9. Note that 0.1 co rt t, and 0.1 POR are plotted to maintain 
a consistent scale. Values outside the plotted range can be calculated from equations 

(9) to (12). 

5« Non-linear system with ramp input 

Unlike a linear system, derivation of explicit expressions to study the behaviour of 
non-linear system is not possible. However, in cases where non-linear effects are large, 
analytical methods may not be adequate and solution may be possible only by numerical 
or graphical methods. A synchro is essentially a non-linear element. The differential 
equation of second order non-linear system using a synchro as the error detector is 


dP 


+ F 


d% 

it 


«/C 


sin e 


(13) 


where 


€ = G. — 
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Expressing equation (18) in terms of the error, 

, d 2 e , r de „ . . d\ _ 

J d? + F lt +Ksme = J lF + F lt' 

For a ramp input, = 0 ; and = <o„ under all conditions for time t > 0. 
The non-linear differential equation in terms of 8 and <*)„ is 

+ 2 8 w n ~ + a)„ 2 sin c = 2 8 co n w, (14) 

Equation (14) can be written as 

e" + B € + D sin € = B co f (15) 

where 

„ _ dh 
€ ~~ d£ 


and B and D are constants. 


Using Simpson’s rule for integration, 

+ 4 + 0 

«„ = + [ e n-2’ + 4 f n-t + e n ] J 

Let 

< = «o + e o' < + *o" 2 + & 


e' — e 0 ' + «o" f + 3 £ t* 
e" = e," + 6 E t 

If «o and € q are the initial values, from equation (15), we get 
« 0 " ■» B a,- - B « 0 ' - D sin e 0 

_ ftp” B D Cg’ COS («g + *0 Af )] 

£ = - 6 


(16) 

(17) 

(18) 

(19) 

( 20 ) 


The above numerical integration was carried out using the IBM 1620 electronic 
digital computer and the graphs were plotted for different values of damping ratio connec¬ 
ting the velocity of the controlled variable in terms of the input velocity and <o„ t. 
From the family of response curves, the various non-linear transient descriptors were 
determined and the graphs plotted as shown in Fig. 3. It is seen from the graph that 
for ramp input the rise time and peak time fora non-linear system are larger than that for 
a linear system. But at the same time, a non-linear system has a smaller peak overshoot 
ratio and settling time. A non-linear system gives better performance than a linear 
system. 
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6. linear system with step input 

The equations for rise time, peak time, percentage overshoot ratio, and settling 
time can be derived in a similar manner as for the ramp input. Consider the time 
response of the controlled variable for a unit step, 4 

%(t) — 1- t sin (dj t + <f>) 


where 


' 1 V' - 


Using equation (21), the following equations can be derived : 

7C — ^ 


«» t. 


VI -8* 


t„ = 


Vi -*■ 

_ 7T _ 8 _ 

POR - 100 e v/| ~- rS ’ 


f. = | 


log 


I 


■n 


7. 


( 21 ) 


( 22 ) 

(23) 

(24) 

(25) 


F VI -** 

Equations (22), (23), (24) and (25) are plotted in Fig. 4. 

Non-linear system with step input 
The non-linear differential equation describing the performance of the system is 
exactly the same as equation (13). Expressing the equation in terms of the damping 
ratio, natural frequency of oscillation and error, we have 7 


d 2 € 0 5 de , 2 

d? + 2 8 Si + 


d‘% je, 

>n sm c * + 


(26) 


r f • * d 2 6 f n , J8, 

ror a step input, -jp = U and 


■ 0, for all values of time t > 0. 


The non-linear differential equation in terms of the error e is 
+2 & + <o n 2 sin € * 0 

To solve equation (27) the same procedure of numerical integration was followed 
and the non-linear transient descriptors were determined and the graph is plotted as 
shown in Fig. 4. 

Example 1 

An uncompensated system subjected to a ramp input R(s) = gives 

w-riF Ti—ia 

From this and equation (2), w n = 4 and 8 = 0.5. Referring to the linear system 
in Fig. 3, 
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<*>„ t r = 2.4, so, t T =* 0.6 sec. 
co n t p = 3.6, so, f* = 0.9 sec. 
0.1 o> n = 0.8, so, t g = 2.0 sec. 
0.1 POR = 1.6, so, POR - 16% 

Non-linear 

&>„ t r = 2.75, so, f r = 0.69 sec. 
<*>„ t p = 4.20, so, tp = 1.05 sec. 

0.1 6> n fo = 0.60, so, /, — 1.5 sec. 
0.1 POR = 1.30, so, POR - 13% 

Example 2 

The above system is subjected to a step input R(s) = ^. 

5 


Linear 

<•>„ t r = 2.4, so, t r = 0.6 sec. 

<•>„ t p = 3.6, so, / p = 0.9 sec. 

0.1 a>„ =0.811, so, = 2.03 sec. 

0.1 POR * 1.600, so, POR = 16% 

Non-linear 

(o n t, == 2.65 so, t r = 0.66 sec. 
t q = 4.20 so, t r 1.05 sec. 

0.1 w n /, = 0.72 so, /, = 1.8 sec. 

0.1 POR = 1.50 so, POR = 15% 

8. Conclusions 

It is easy to analyze a linear system but difficult to synthesize. A linear system is 
costly in design and gives a poor transient performance as seen from Figs. 3 and 4. 
The prime requisite of a control system is that it should have a small overshoot and 
settling time for a given damping ratio. From the graphs it is seen that a non-linear 
system has a better transient performance than a lineai system. The rise time and 
peak time are found larger for a non-linear system. This may be due to the fact that 
the synchro gain is small when the error is large. * Since the natural frequency of oscil¬ 
lation is proportional to the root of the gain, a small value of co„ gives a large rise time 
and correspondingly a large peak time. For a given viscous friction, the damping ratio 
changes as the gain changes and, therefore, when the gain is small, the damping ratio is 
large and hence it gives a smaller overshoot. However, when the controlled variable is 
within the tolerance band, the gain of the synchro is large for the reason that the error 
is small. Therefore, is greater than what it was at the beginning and hence gives 
a smaller settling time. 
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NETWORKS REALIZING BISEXTIC MINIMUM POSITIVE REAL 

FUNCTIONS* 

J. G. Advani 
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and 

P. K. Baokar 

Non-member 

Electrical Engineering Department , Faculty of Technology and Engineering , Baroda 

Summary 

Network structures containing seven , ten and twelve elements and capable 
of realizing bisextic minimum positive real functions having Re. Zfj 0 *) =0 
at three real and distinct frequencies and also having Z(0) = Z (°°) are 
presented. 

Conditions on the coefficients of given Z( s ) so that it is realizable by any 
of these networks are found out . The values of the elements in the various 
networks are found out . The conditions on the coefficients of a bisextic positive 
real function so that it has Re. Z(j t0 ) =0 at three real and distinct frequen¬ 
cies are also presented. 

1. Introduction 

A good deal of work has been done on the realization of minimum biqua¬ 
dratic 1 * 2 ’ 3 and biquartic 4 - 6 functions having Re. Z( J 0 *) = 0 at one and two 
real and distinct frequencies respectively. All the workers on these functions 
have developed bridge type networks for the realization of such functions. Bridge 
networks require much less number of elements than those required to realize by 
by routine Bott-Duffin synthesis procedure. Realization of biquadratic and 
biquartic impedance functions by bridge networks is possible under certain con¬ 
ditions amongst the coefficients of the given function. 

All the networks presented in the above said references have been developed 
by using a theorem from graph theory. 6 This theorem is also used here to derive 
network structures for a bisextic minimum positive real function. [A function 
F(s) is a positive real function when (i) F(s) is real for real s and (ii) Re. F(s)^0 
for Re. s >0. A positive real function is said to be minimum if (i) it has no 
poles and zeros on frequency axis, and (ii) the Re. F(jw ) is zero at one or more 
real and distinct frequencies.] This theorem states that a network which does not 
contain (i) one-element path between input terminals, and (ii) one-element 
cutset of input terminals, can realize a minimum positive real function. 

* Written discussion on this paper will be received until September 30} 1967. 

This paper (re-drqfted) was received on March J6j 1967. 
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For a bisextic munimum positive real function with Z(0) = Z(°°)' at 
least one resistive and six reactive elements are required. The only possible 30 
networks with seven elements and satisfying path and cutset requirements are 
shown in Figs. 1 to 8. Networks containing two resistive and eight or ten 
reactive e lements are also presented. 







Fig, 2 ( contd .) 
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2. Conditions on a bisextic Pi?-function to have Re. Z( ju>) ~ 0 at three 
real and distinct frequencies 

The bisextic minimum positive real function, 

y , i — k 5# + a * s * + s * + * 3 + a 2 s 2 + a x s + a 0 

J + V 5 + b 4 s* + b z s * + b 2 s 2 + b x s + b, (1) 

will have its real part zero at three frequencies if the following conditions are 
satisfied: 


\/ a 0 b 0 (a 4 + b 4 — a 5 b 5 ) 2 + 4 (a 2 b 0 + b 2 a 0 — a x b x ) ^=4 >/ a 0 £ 0 

+ *2 + *4 — *3 b s — 0 5 J (2) 

(<*4 f *4 — a 5 b 5 ) (a 2 b 0 + b 2 a 0 — ^ b x ) + 4 <z 0 3 0 = 2 \/ 0 O 7 O 

f<*o + b 0 + a 4 b 2 4- b 4 a 2 — a 5 b x — a z b z — b 5 a x ) (3) 

(a 2 b Q + b 2 a 0 — a x b x ) 2 + 4 (a 0 bj'i (a 4 + b 4 — a 5 b 5 ) == 4 a 0 b 0 

(a, b 0 + b 4 a Q + a 2 b 2 — a 3 — b z a x ) 


and the frequencies are assured to be real and distinct if 

a \ 4* b 4 a b b b > 0 (5) 

a 2 b 0 + b 2 a 0 — a x b x > 0 (6) 

27 C x 2 + 4 C x Af + 4 B t * - A 2 5,2 - 18 ^ B x C x <0 (7) 


where 

«4 + b 4 — ^5 . p 

"i —-2- * "i 


a 2 bp b g fl p 

2 s/ a 0 


/Ci — /#o 


3. Conditions and element-values 

The Z( s ) °f equation (1) is considered. This impedance function can be 
realized by any one of the networks of Figs. 1 to 8, if and only if the coefficients 
of Z( s ) satisfy certain conditions. These conditions and element-values are 
derived as given below. Considering the network of Fig. 1(a), 

s t I S» + S» j5 _|_ f S A + S A + S * -|_ + -* \s* 

R \ L x L 2 L z J 

+ jf(— T~ + L, ) H [l,L, + L t I., + l % lJ 


ZO) 


St s i | s > 
L t L t LtL 


L^»)i 

■ x L t ) 


iSj S 2 S 3 r , •S 1 S g o s 


s + 


+ r( 


I + i 

\L, L t 


R L, I 3 

S* + 


U 6 + 


(S 1_ | 
V A 


t> y 


( 8 ) 





^L-t 

L X L % 


L x L a 


^ S s \ + §1 §1 + §1 §3) f + 

lTlJ + 


S x S 2 S z 
Lt 
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Comparing the corresponding coefficients of equations (1) and (8), thirteen 
equations are obtained. Values of seven elements in terms of the coefficients 
of Z( s ) °f equation (1) can be found out from these equations. As there are 
thirteen equations and seven unknowns, six conditions on the coefficients of Z( s ) 
of equation (1) must be satisfied so that it can be realized by the network of Fig. 
1(a). These conditions after manipulations and simplifications are as follows : 

a h 5o _|_ a 5 ^5 ±Jj a * 4 a i 4" (^2 7” a i) 1 1 

ai 2 a 0 (fl 6 b & 4 64 -- a 4 ) 

b h 4~ b A — a 4 _j_ a 5 { b x 4 (i 2 ~~ ^2 )} b \3 

(^2 ““ a 2) *1 ( fl 5 ^6 4 ^4 ^4) *0 

4 « 0 3 *5 + fl l 2 V - *© 2 (*2 - <*2 ) 2 = 4 63 *1 «0 2 

a 0 — b 0 

b _ g 0 2 ( a B K h * 2 )( {2 *0*5 + ^5 *5 + *4 “ « 4 )} 

2 -}- #0 (i 2 — #2) 2 (flg b 5 4“ £4 #4) 

CIS) 

(*A + *4-^ 4 ) [(*5 ^5 + “* * 4 ) fal *1 + *0 (b 2 - -4fl 0 6 ] ^ 

K b x 4 a 0 (4 t - a 2 )} [a* fo 2 V - fl 0 2 («, - 6 2 ) 2 f - 4 a 0 fll 2 A,J 

(14) 

The element values are given in Table 1. 

Table 1 

Network of Fig. 1 (a) 

Element-values : 

R — K, L t = 

“0 

c _ 2 Aa„ [a 5 {a t b A + a 0 {b i - a 2 ){ - 2 a 0 a t ] 

151 “ a 8 fo* V - V («, - *a) 2 } -4« 0 VA 

5 __ 2 Ka f) a t _ 

* "t* «o (^a a a) 

c __ -^ [ a a { fl x » i H ~ a o (P a ~ a a) } — 2 a 0 a x ] 

8 ~ a i *i + a o (*a “ a a) 

L = 2 AT [ 2 a 0 a x — a 8 fa 6 X + (*« - *»)}] 

1 4 a 0 a x i 8 + fa i x + a 0 (i s — a g )} (b t — a t — a s i 8 ) 

£ ^ 2 AT[ 2a 8 a x —a 5 fa i x + a # (i g — a t )|] 

8 ( a i + fl o (^a — a t)i ( a t — b A — a 5 ^ 8 ) 


( 9 ) 

( 10 ) 

( 11 ) 

( 12 ) 
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Conditions : 

1 HajE® 4- a *> -* ~~ a * -L ;1; a o ( b i ~ a _») _ l 

«i 2 ' r a 0 (« 6 i, + i 4 -« 4 ) “ ° 4 

2 °6 ^5 f; ^4 _L a 5 { a l + fl () (^2 — <*»)} _ «... 

«i ^1 4 ~ «o (^2 ~ ^2) a 0 2 «t (^5 ^5 ” 1 " ^4 ^4) «o a i 

3. 4 a 0 3 a s b & + a 4 2 V - a 0 2 (i 2 - «2) 2 = 4 i a aj <7 0 2 

4. a 0 - 

5 V («s *6 + J 4 - «4) + \< l ib\+a 0 {b i -a i )}{2a 0 as +a^arJi+b^at)) 

a \ b i +• «o (^2 a >t) 2 a 0 a 4 ( a & b 0 -f- b 4 — <z 4 ) 

= b z 

6 «o 2 «i. («*Jb + b t - a 4 ) L(a 5 i 6 + « 4 ~*4) K *i + <V(*2-0 2 )}-4 a„ a, b 6 ] 

K b x + «o (*2 - « 2 )} K {«i 2 b '\ ~ V («. - *2)} - 4 a„ a T 2 M 

= 1 

7. i,(5 ! + 5,) 2 >4 I s 5 2 5 3 

8 . *i * (■?, + S,) ± Jls, + S,)‘ _ i_> ?* S > 

L ' 2 L, — L * 

For the elements to be positive, the following inequalities should be satisfied : 


« 5 («i h + a 0 b t ) > a 0 (a t a s + 2 a x ) (15) 

«s «i 2 b i 2 > fl o 2 a s (« 6 - b i) 2 + 4 a„ aj 2 b t (16) 

> l *4 — I (17) 

(« 6 6 S + a 4 - * 4 ) { «i + «o (*2 - a.)} > 4 a 0 a x i s (18) 


It can be proved that these inequalities could be automatically satisfied ii 
the six conditions of equations (9) to (14) are satisfied and in addition Z( s ) of 
equation (1) is a PR- function. 

From the six conditions of equations (9) to (14) it is not guaranteed that Z( s ) 
realized by this network has Re. ZU™) = 0 at three real and distinct frequencies. 
So for Z( s ) to be realizable by this network and to have Re. Z(j<*>) = 0 at three 
real and distinct frequencies simultaneously, all the six conditions given in 
equations (9) to (14) and those of equations (2) to (7) should be satisfied. It is 
possible that some of the conditions of these two sets might clash. 

To clear this point the network of Fig. 1 (a) is converted to network of Fig. 9 
by delta-star transformation. The values of impedances appearing in Fig. 9 
would be 


s Zfj| Cg 


-ig £a Cg 4“ Cg 4“ ^3 

(19) 

s L % C $ 

Ig Cg Cg + Cg + C a 

(20) 


„ L t L t C t C^ + Lt(C % + CJs*+ 1 

~ 77 ?Tc a + cj 


(21) 
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ii Ci 



The real part of Z( s ) of the network of Fig. 1 (a) is zero at the zeros of (s L z -f 
The zeros of ( s L z + Zz) are given by equation ( 22 ). 

j!orj2 _ - L a (g» + C ») ± J\Wjfi t + C&-*L % L t C t C£ 

* ’ “ 2 L t ~L t C s C a (22) 

and that of ^ j Z,! + ^ j-^r is 

= - zrc, 

, The condition for the frequencies given by equation (22) to be real is given 
L z (C t + C z )' >4Z a C 8 C 3 (24) 

and for these three frequencies to be distinct, the frequency given by equation 
(23) should not be equal to either of the frequencies given by equation (22). 

s x 2 7 ^ J * 2 or s z 2 (25) 

Thus six conditions of equations (9) to (14) along with the two inequality 
conditions of equations (24) and (25) are sufficient conditions for Z( s ) of equation 
( 1 ) to be reliazable by network of Fig. 1 (a) and to have Re. Z( j<*>) =0 at 
three real and distinct frequencies simultaneously. These conditions are given 
in Table 1 . 


By similar procedure the conditions and element-values for other networks 
are found out and tablulated in Tables 2 to 8 . The conditions and element-values 
for other networks [Figs, i^b), 1(c), 1(d).... 8 (b), 8 (c) and 8 (d)] can be ob¬ 

tained from the principle of duality or by substitution of s = 

p 


Table 2 


Element-values : 




Network of Fig. 2(a) 

*-*•*>=£ 

__ 2 Koq a t 2 6 , _ 

*0 (fit "t* ^*) 2 a* b[ 
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£ _ K [a 0 a i a i b 6 (<*4 + b t a 8 6 6 ) — 2 a 4 2 — 2 a# 2 a 8 2 ^g] 

a (| 2 a 8 ^6 ( a 4 " t " ^4 — a S — 2 ^ 

/r ( a 8 b b + a t - b t ) 

Sl ~ 2b , 

_ JT ( a 6 i 6 + 6 4 - a 4 ) 

A, “ 265 8 

_ 2 Kb t a 8 [a 0 a x a 8 b s (a t + b t — a 8 b & ) — 2 a, 2 bj —2 a 0 2 a 8 2 i 6 ] 
[<*sb 6 (a< + b i -a 6 b i ) - 2 a 1 b 1 ]* 

Conditions : 

1. « 0 = *« 


2. 4 a 0 a 8 6 S 2 = b l {a 8 2 b t 2 — (a 4 — £«) 2 } 

3. aj (a 4 i 8 ) = a 0 a 8 i 8 (a s 4g) 

4. a 0 2 a 5 i 8 2 + a x i t 2 = a 0 b l a s A 8 

5. 2 £ s = * 6 (a 4 + i 4 — a 5 i 6 ) 

fi *14- ^ a i *8 l a o a 6 »« ~ a i *i _ . 

b a a 5 ^6 + ^4 — a 4 ij a 5 2 

7. 27 C , 2 + 4 Ci Af + 4B,> - A 2 ^ 2 - 18 A 1 B 1 C 1 < 0 

where 


= 

Q = 


J i + s 2 + J » i fi_ 

L, ' ^ L t 

s a ( s i ~l~ s i) i /i £s 

L t L t ^L~L t 

Z»j Z#2 Z»j 

Table 3 

Network of Fig. 3(a) 


Element-values : 

R — K, L y — £ , L a — ^ 

t'fi «o 

o ^ ( fl » ** + ®4 ~ ^4) p K ( a 8 b s — a 4 + 64) 

*-2*1 * 2T S 

,_ 2JTa 1 a s l(a 4 -ft« ) 2 -a 4 2 * 8 2 } _ 

8 &1 2 b t + {(a 4 — *4) 2 — a 8 2 * 8 2 } {a x (a 4 -t- * 4 — a 8 * 8 ) —2 a 0 a 8 } 

c __8 TiV a 8 ij __ 

* { a i (®s — fl 4 — *4) + 2 a# a s } |(a 4 — b t ) 2 — a t s b t 2 } — 8 a t 2 b s 
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Conditions : 


1. 

2 . 

3. 

4. 

5. 

6. 

7. 

where 
A = 


a 0 — 6 0 

a 0 ^5 ( a 2 ^a) ~ a l ^1 ( a i ^4) 

M^5 2 V - (*4-*4) 2 } =4*oa 5 b 5 2 
h (<*4 + *4 - a h £ 5 ) == 2 &3 

(^4 “^ 4 ) 2 + *5 (*2 - ^ 2 ) 2 = (*a ~^ a ) («4 —* 4 ) *3 

a l ^1 ( fl 5 ^5 "1“ a 4 ~~ ^4) 2 1 a 0 ^3 1 ^1 ___ 

61 * 6 ~ 2 

27 C X 2 + 4^^ 4. 4^3 - ^2^2^ 18 ^ 5 , C x < 0 

6*1 + ^2 + ^3 1 ^1 + ^2 p £3 ($i + ^2) 1 ■S'i ^a i *$1 

I* " L* 91 ~ 4 I 3 44 L t L 9 

r> _ • S'l *^2 4 


Table 4 

Network of Fig. 4(a) 

Element-values : 

R = K ,Li= K t , L 2 = f* 1 

*5 a o 

iTa, jgW ~ (g« ~ *«) a F _ 

* 4 a x b 6 {b x [a 6 2 * 6 2 - (a, - * 4 ) 2 ] - 4 a„ a 6 *, 2 } 

_ 7T ( a s b B + a 4 — * 4 ) _ K ( a, *, — a 4 + * 4 ) 

Al “ 2h ' 5 * “ 2 

_ __ Ka 0 {a/ bj - (a, - * 4 ) 2 } 

153 * x {a, 2 *, 2 - («; - b^\ -4 a 0 a,~*, 2 


Conditions : 

1. «o = *0 

2. 4 a 0 a x *, = (a, *, "t" *4 — 04 ) W b x + a 0 (a, — * 2 )} 

3. 2 34 65 = 2 4g 4" ( a s bf 4" a 4 — ^ 4 ) 

4. 4 a 0 a, b b = 4 a x * x — a 0 {a , 2 i 6 2 — (a 4 — * 4 ) 2 } 

c a o { g t 2 ^» 2 — ( a 4 ~ ^4) 2 } _l 2 a, *, _. b\ 

40!*, a»*8- a 4 + *4 i. * 

g a o a t ^ :_ 2 a, *1 = — 4_ 4 o t *, _ 

<*1 *0 ( a S ^8 — a 4 4“ ^ 4 ) ^8 ( a 8 ^8 ~’ a 4 "J" ^) 2 

7. 27 C x 2 4- 4C X AS + - 4£ B x 2 - I 8 A 1 B x C x < 0 
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where 


4 


+ *$2 1 S ±+Jz 
L 2 ^' ~L Z 


B 1 


$1 S 2 +J$2 ^3 4~ *^3 $1 _j_ ^2 

L 2 L 2 Li L 2 


Ci 


SiJ?,5s 

z^i z 2 


Table 5 


Network of Fig. 5(a) 


Element-values 


/? 




r 

A 


j L 2 —- 


Ka x 


4 2 JT [ <z 6 fo 2 V - a 2 (b 2 - a 2 ) 2 } - 4 0 O a, 2 &il 


WV - *o 2 (*. - ^2) 2 P 


$1 — 


2 /ftf 0 flx 

fl i b x + 0.$ (b 2 — fl 2 ) 


$2 

^3 


2 LcIq Cl-y 

a \ ^1 *0 (^2 ^ 2 ) 

jr [ H WV ” VLA - 0 ? ) 2 } -4 a 0 ^ 2 4, 1 
*i 2 K 1 - < A - a 2 ) 2 


Conditions : 


I* *0 — ^0 

2. 4 a 0 a x b 5 = (a 5 b 5 + a 4 - b 4 ) \a x b x + a 0 (b 2 — a 2 )} 

3 a ° A fl o A 7702 ) A b 4 — a b bft ) 

a x do A ^ 5+04 A) 2 

4. flj 2 A 2 — a 0 2 A — 0 2 ) 2 + 4 a 0 s a s b 5 =4 a 0 2 a x b 2 

e 2^ AK A +0p (b 2 -a 2 )}-4 0 O 2 0j1 6 , A. « ** 

\ a i A + 0o A 02 ) f 2 A A 0o 

_ (06 A + fl 4 ~ A) f 0 Q g 5 A (02 "7 A) ” A A *“ A)~l , ?1_A 

6 - + h ai+ " 2 4, ~ J + o 0 b 6 

= 03 

7. 27 C x 2 + 4 Ci^V + 4£ x 3 - ^x 2 ^! 2 - 1 8A 1 B 1 C 1 < 0 
where 

A + A + *$8 , A 
Ai = —^ + 1 - 




4(4 + 4) 
44. 


+ 


4 (“S’* + 4} 
44 


_ 4 4 4 
“444 
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Tabic 6 

Network of Fig. 6(a) 


Element-values : 

R — K, — j-’ Li=z T 

"t a D 

S 2 = Ka t 
4Aa 0 2 a x a 8 b t 

s — - 2Ka ° a * 

1 a i K + a o ( a 2 ~bt) 

s __2Aa 0 fi_ 

* <*i — <*« (a* — h) 

Condition. : 


1 • .g - by 

2. a 6 b 2 — a 2 — b A 

3. Aq fdj b 2 + ij .g] — 4” ^0 a 8 flg ig 

4. 2 a 0 2 o 6 a x i 5 2 = (a, a 0 - aj b 2 ) {a x b x -f a 0 (a 2 — i a )} 

5. 2 a 0 (a, i 6 4- a s) + ^ (a 2 — b 2 ) ° s ~ a ° ^*) 

C J_ a » fl 5 *6 _L a r V - V («S - b 2 ) 2 t 

a 0 a* «i 4a 0 2 a 1 “ *» 

7. 2 7 C x 2 + 4 Q + 4 V - <4 t 2 £ x 2 - 18 ^ B x C 2 < 0 

where 


A = 

c> = 


Element-values : 


S 2 + S s + S 2 , S 2 , Si 
L 2 + l 2 + l; 

Sj (Sj ~h S 2 ) ,SiS 2 . i't S t 
L 2 L 2 ^LiL^LiL, 

SjS 2 S 2 

A ^8 

Table 7 

Network of Fig. 7(a) 


R = K 


= 


A* {a 0 a a — a t bj 2 — a 8 2 a t i t | 

a i V 


L t = 
A — 


Aa x 


«o 

£ 
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Si 


Conditions 


K {go a 8 b t bi - a , 2 y - a 0 2 g s bfl 

a n b% a t b- 2 

S, = Ka h 
Kb o 

K 


s, = 


tfn — 


1 . 

2 . a 5 

3. A x = a 0 (b x - a 8 ) 

4. a 0 (a x b t + b l a g ) — a x b t a a -f- a 0 2 a 5 b s 

5. a 0 (a, b b + b 3 a 5 ) = a 1 b 1 + a 0 a 5 b i b & 

6. - —r- , a lh 2 . a *h 2 _ + a i h . a « a ih _ , 

a o a a b 6 a, 4j2 — a 0 2 a 5 6 5 2 a 0 A 6 a. * 


7. 

where 


2?C x 2 + 4QV + 4^» - ^2 5,2 _ < 0 

A t = f + - 1 -+-- 3 + 5l +-^ 2 

^2 ■‘-'S -^1 

£ ~ ^ -f- *^3 i ^2(^1 Hh £3) 

1 /,! l 2 z, x l 3 * n Z a Z 3 

Q 


Zx Z 2 Z * 3 


Element-values 


Table 8 

Network of Fig. 8 (a) 


R = K , L, =f ,L t = ^ 

*5 2 *0 


Z, = 


•Si 


•S, 


4 Aa 0 2 a x a 8 i 5 

V V-«o 2 (a* -i 8 ) 2 

_ 2 A~a 0 a x _ 

a x — a 0 (a 8 — b 2 ) 

-Ka s 

2 Aa e a, _ 

+ a 0 ( a a — ^i) 


Conditions : 

!• a 0 = b 0 


2 . 

3. 

4. 


flj b$ — b b — S| 

!q 2 ( a a 

2 a i 

2 flp a x a g b s 


aj V - a 0 2 (a, - 6 t ) 2 a^a* a, _ 

4 a 0 2 a x b t a x a s 4 


£lii + 


«o a i a i h — « 0 («i — ^a) 


== a » 
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5 ?i 4 . h, _i_ 2 a x (a Q b 9 a 5 a x b x ) __ 

*6 ^5 K — tfo ( fl 2 — ^ 2 )} ~~ 2 

6 . a t b 1 + a o a i b s — (a B b 5 + b z a^)a 0 

7. 27 C x 2 + 4 C x -(- 4 £ A 3 + A x 2 - 18 ^ Ci < 0 

where 


S 2 +^3 . S\ 

r * r 


S 2 (S x + S 3 ) , S x S s , 

— : 7 1 I t r ' t r 


r __ *$1 
Gl ~ l;l 2 l z 

Networks containing two resistances and eight or ten reactive elements with 
Z(0) Z(c 0 ) are given in Figs. 10 to 12. Conditions under which these 
networks realize Z( s ) of equation ( 1 ) and the element-values are given in Tables 
9 and 10. 



Fig. 11 
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W (d) 

Fl 5 . 12 


Table 9 

Network of Fig. 11 (a) 

Element-values : 

R _ * L _ K 
K " 2 J ~ 2b, 

T - K .(*0 *1 *« — ^1 K 2 ‘ - V ^ 5 2 fl&) 

2 ~ 2^ 5 

« _ i»0 
~ 2*7 

o _ # (* 0 *1 *5 a z ~ ^l 2 “ V ^5 2 

62 ~ 2 * 7*1 “71? 

J. * A« g 

Conditions : 

1 • Cq ” 

2* 3flj ^ (*2 — 02 ) 

3. 3^2 *5 ^ *4 ^4 

4. ^ + a 0 2 a 5 2 *5 = a 0 % <25 b z 

5. a 0 -f- 4fli 2 o 5 T <*o 2 ^3 ^6 3=8 *2 a b 

6. 00 o g 2 + 4oj o 5 2 *0 + d\ <*6 *4 


7~ 
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Table 10 

Network of Fig. 12(a) 


Element-values 


R~ K - L 
ft *— 2 * 


2 Ka x a? 

0 6 ^4 a 3 ^5* 


£ = _ 2 /t^a*._ 

2 4 a 4 o 5 2 a s + a 0 o 6 2 —«i a 6 & 4 


2 Aa ( ,a 1 a 5 


2«A<*6+y/ 4ai 2 *i 2 -a s V( a i a 6*4-«i a s-W)(4ai« 6 *6+ “ +a 0 a s-"i«4) 


= Ka 6 


p _ 2 Aa 0 a 1 a 6 

MjJ —— 1 ‘ “ " 

20 ^x 05 - ./ 4a 1 2 i 1 2 fl 6 2 a 0 2 -« 1 a 6 i 4 —axas-ao" 2 ) (40x05*4+ ~ + a o a 5 ~ Ox* 4 ) 

V Cj v 

Conditions can be obtained by substituting the element-values in the 
following : 

1 • Cq ^ b a 

9 I __ ^ 

4 + Z 3 ” 0 5 

3 - *■ (l, - A) - 2 <*• - 

4 - l'l\ + 2 ,S ' + Ss) + ( L, + Z, ) ” * ^ 

5 *S» (^i + 2 5j) , / -Sj , £, ^ _ i 

~ L X L Z ^ i 2 1 i 3 + Lj / 2 

6. = 2 (i a - o 2 ) 

4. Illustration 


Let the impedance function, 

^ t in + 1.55 s + 32? + 11 ? + 160s 2 + 20 s + 200 

Z(s) 10 ^6^p~l2 / + 24 ? + 230 s* + 130 > + 700 5 + 200 

be considered. 

Till coefficients of Z(s) of equation (26) satisfy the six conditions of equa¬ 
tions to (14)* Hence, it is realizable by the network of Fig, 1(a), 
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Element-values are obtained by substituting the coefficients of Z( s ) of equa¬ 
tion (26) in the expressions of element-values given in Table 1 and are as follows : 

R - 10 ohms, = 5 henry L 1 = 1 henry, L 3 = 1 henry, C 1 = 0.05 farad, 
C% = 0.1 farad, and C 3 = 0.2 farad. 

These element values satisfy the inequality conditions of equations (24) and 
(25) and hence the Re. ZG 0 *) = 0 at three real and distinct frequencies is given 
by equations (22) and (23). These values are aq 2 = 4, t o 2 2 = 5 and o> 3 2 = 10. 

5. Conclusions 

Network structures containing seven elements (one resistive and six reactive) 
are the minimum element networks to realize a bisextic impedance function. The 
normal Bott-Duffin procedure would yield 43-element network. 
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STEREOPHONIC SOUND REPRODUCTION* 

Lt-Col R. S. Attre 

Member 

Summary 

The aim of this paper is to discuss stereo reproduction of sound and 
various systems used in stereo reproduction of sound with particular reference 
to the methods used in homes and large halls like cinemas and theatres . 

The latest techniques and equipment used in stereo reproduction of sound 
are also discussed . 

Introduction 

1. The word ‘Stereophonic 5 (stereo) is derived from two Greek works, ‘stereos’ 
meaning solid, and ‘phonics’ meaning the science of sound or acoustics. When 
we put the two together we get ‘solid sound 5 or three-dimensional sound—sound 
coming from different sources, at different locations, with different volume 
levels. 

Definition 

2. Stereo system is defined as an acoustic system in which sound recording and 
reproducing equipment employs a group of microphones and loudspeakers so 
arranged as to provide a sense of direction and thus enhance the degree of reality 
of the reproduced programme. It is analogus to stereoscopic vision in which a 
sense of depth adds realism to reproduced views. 

Characteristics of the ear 

3. With ideal amplification of sound the auditory impression of the reproduced 
sound should be exactly the same as that of the original source. This does not 
imply, however, that the amplified sound should correspond physically with the 
original. Differences in the respnse which cannot be detected by the ear are per 
missible, without detracting from the quality. In order to determine the prac¬ 
tical requirements to be met by a sound system, it is necessary to know some¬ 
thing about the characteristics of the human ear. 

4. The eAr responds to the pressure of sound; differences in pressure are trans¬ 
mitted to the basilar membrane, whence the auditory nerves convey the impress¬ 
ion of sound to the brain. 

5. Hearing, like vision, is subject to a certain amount of inertia, that is to say, 
an impression of sound persists for a short time after the source of sound has ceased, 
or, conversely, a sudden sound striking the ear drum only penetrates to our con¬ 
sciousness a brief interval later, in consequence of which fact sounds reaching the 

^Written difcustloii on this paper will be received until September 30,1907. 

This paper was received on May 2, 1967 . 
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ear within a very short time of each other, namely one-fifteeth sec. are not heard 
as separate sounds at all; the one tends to reinforce the other. Impressions of 
sound following upon each other at intervals of more than one-fifteen sec. are 
heard separately. 

6. When we listen to a sound coming from a source which does not lie directly 
in front of the head, the sound does not reach both the ears simultaneously or at 
the same strength. It is mainly to these differences in time and intensity that we 
owe our sense of auditory direction or perspective; we are accustomed to associate 
sounds with a sense of space. 

7. Composite sounds consist of a number of tones of different frequencies, inten¬ 
sity and phases, but the phases are not perceptible to the ear, so that, even in the 
ideal sound system, the phase of the various components may differ from that of 
the original composite sound. 

Stereo reproduction 

8. In a monophonic sound system, the sound usually emanates from only one 
location when being reproduced. Dual loudspeakers, large horns and location 
of the loudspeaker system in a corner of room can be used to spread the sound 
so that it is difficult to place the sound source at one point. These systems are 
likely to produce the impression that the sound is coming from a hole in the wall, 
with little feeling of the spatial extent or distribution of the original sound source. 
There is no stereo effect until two or more separate channels utilizing several 
microphones, amplifiers and speaker systems are used. Under these conditions 
the illusion of spatial orientation is completely convincing. 

9. Modern stereo sound, with its directivity and depth perception adds the third 
dimension to the sound. The loss of dimensional effect can physically be ex¬ 
perienced by covering one of the ears, say at a concert, then we can notice that a 
large part of the effect is destroyed by the absence of auditory perspective. To 
restore this perspective in the case of reproduced sound, recourse must be taken to 
stereo reproducion for which purpose at least two microphones, two channels 
of amplification and two loudspeakers are needed. If the original sound is not 
amplified direct, but is first recorded, the recording must also be stereophonic. 

Aim 

10 The ain of this paper is to discuss stereo reproduction of sound and various 
systems used in stereo reproduction of sound with ^particular reference to the 
methods used in homes and large halls like cinemas and theatres. The latest 
techniques and equipments used in stereo reproduction of sound will also be 

discussed. 

Historical background 

Early work 

11. Both investigation into the mechanism of sound source-location and attem¬ 
pts to provide positional sense in a reproduced signal for entertainment purposes 
have been made since before the turn of the century. What might be said to be 
the very fim stereo patent was granted to a Parisian engineer, Clement Ader, by 
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the German Patent Office on August 30, 1881. The patent described a system 
whereby telephone subscribers were to be equipped to receive relays of plays, 
opera and other productions direct from the stage or concert hall. The system 
consisted of two groups of telephone transmitters, mounted on the stage, a left 
group and a right one. The subscriber was to be provided with two receivers, 
one connected to each group, and by this means was able to follow the move¬ 
ments of the various characters on the stage. 

Later developments 

12. A number of other workers used similar techniques as those of Ader, to pro¬ 
vide theatre relays. No considerable interest was shown in stereophony until 
early 1920’s. In 1925, Ludwig Kapeller made an interesting improvement in 
the Ader system. He also suggested that the difficulty of supplying every sub¬ 
scriber with two telephone lines might be overcome by the use of two radio trans¬ 
mitters. Some experiments were made by the Berlin radio station using two 
channels on 505 meters. 

13. Also in 1925, the American radio station WPAJ at Newhaven, Connecticut, 
conducted some experiments in stereo broadcasting. The transmissions were 
intended for headphone listening, and as such were extremely successful; th£ use 
of loudspeakers, however, did not produce such a startling effect, since the two 
channels became confused. 

14. In 1926, the BBC also conducted similar experiments in stereo broadcasting 
using two medium frequency transmitters. 

15. After these early beginnings, little more was done until the 1930’s, when a 
great deal of activity took place in the stereo field on both sides of the Atlantic. 
The Bell Telephone Laboratories in the United States and the Columbia Gramo¬ 
phone Company in the United Kingdom set out to develop systems of stereo re¬ 
production. It is from these systems produced by these organisations that all the 
present day techniques have grown. 

16. In 1930, A.D. Blumlein, of the Columbia Company, demonstrated a com¬ 
plete system of two channel stereophony. In the following year, he filed British 
Patent No. 394325, which covered all aspects of stereo reproduction and has be¬ 
come a classic authority on the subject. The system designed by Blumlein was 
to be operated entirely by loudspeakers and at no time was headphone listening 
considered. He originally considered the problem as a means of improving 
sound in the cinema, but quickly foresaw the possibility of domestic sound re¬ 
production in stereophony. His method was based on the fact that the interaural 
time differences can be produced at the head of a listener, by two loudspeakers, 
suitably placed, if these loudspeakers are fed with signals having an interchannel 
amplitude difference. 

17. In 1932, Harvey Fletcher of the Bell Laboratories conducted a series of ex¬ 
periments, using a dummy head, into which two microphones had been inserted 
tfi front of the ears. Listening on headphones, this system was quite successful, 
tiut was not very good on loudspeakers as the reproduced images became confused. 


Jut*#* 
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18. Later, the experiments conducted by Steinberg and Snow, started on the 
hypothesis that if an infinite number of microphones were placed in front of the'] 
sound source, and each one of them was to be connected to the corresponding 
loudspeaker in a bank of a similar number of loudspeakers, the ‘wavefront* leaving 
the sound source would be reproduced in the listening room exactly as it was in 
the original studio. 

19. Bell Laboratories continued to work on the problem, and in 1936 they paten¬ 
ted a disc cutter which could cut both hill and dale and lateral cuts at the same 
time in one groove. This was simmilar to that developed by Blumlein in the 
United Kingdom some years earlier, and like the Columbia one, could also be 
used to cut the 45'/45* system used today. A year later, in 1937, the first stereo 
tape machine was produced, using steel tape. 

20. In the mean time, other workers were attempting to find a suitable system 
of stereophony to accompany the cinema film, and in 1937 a special demonstra¬ 
tion film was shown in New York. This used only two channels, but was soon 
replaced by a three channel system, and this was used in the United States for 
the Disney Film ‘Fantasia* in 1941. The early films used a separate 35 mm film 
to carry the various sound tracks, these being of the variable area optical type, 
magnetic sound on film having not yet been invented. 

21. Little work was done in the United Kingdom or the United States during 
the war, but in Germany the first recording machines using magnetic plastic 
tapes were being developed, and the pioneers in this field were quick to appreciate 
that they could be used for multichannel as well as normal monophonic repro¬ 
duction. Some important experiments were conducted in 1944 by Von Braun- 
muhl and Ludwig Heck. 

22. The first commercially available stereo recordings on sale to the general 
public in the United Kingdom were produced by the E.M.I. Company on mag¬ 
netic tape in 1955. At the same time, many of the major recording companies 
were working on systems for recording stereophony on disc. The first stero discs 
available to the public for domestic entertainments were issued in 1958, by the 
Pye group of Companies in the United Kingdom. At the same time suitable 
equipment for playing them was marketed by the same group. Other record 
companies quickly followed suit and at the present time a complete repertory of 
works is available on stereo discs. 

23. The early system of using two separate transmitters was both uneconomic 
in terms of equipment and programme air time, and was ‘incompatible* in that 
it did not give a signal usable by a monophonic listener, and in any case was not 
capable of the high standards of fidelity demanded at present. Other systems of 
stereophony from the radio were tried, for example an AM and an FM transmitter. 
Since 1961, a system developed by the General Electric and Zenith Companies 
is being used by over 300 stations broadcasting stereophony in the United States. 

Producing a stereophonic effect 

24. The intention of stereo sound reproduction is, by definition, to produce in 
the mind of the listener the illusion that he is listening in front of the original sound 



122 


THE INSTITUTION OF ENGINEERS (INDIA) 


source, with its own dimensions of width and depth, and with every individual 
part of the source sounding in its correct position in the whole. In order to do 
this, it is necessary to provide the ears with information sufficiently similar to that 
which would be present in real life that the brain cannot tell the difference, and 
the required illusion is created. 

25. It would be possible to achieve the above mentioned result by using a large 
number of microphones and loudspeakers, so that each loudspeaker catered for 
a small part of the sound stage. This system is used in some theatre applications, 
but for domestic purposes it would seem to be impracticable on the grounds of 
space and cost. 

Loudspeaker technique 

26. Let us consider first the various types of information presented to a listener 

seated on the centre line between two loudspeakers. Suppose that both loud¬ 
speakers are fed with exactly identical signals. In other words, there will be no 
amplitude difference between the sounds, no frequency difference, and the loud¬ 
speakers will both ‘speak’ at the same time; all interchannel differences will be 
zero. It may be noted that the term ‘interchannel’ applies to the sound from the 
loudspeakers, whereas the term ‘interauraP applies to the sound actually reaching 
the ears of the listener. % 

27. The only occasion where these two quantities are identical is when the loud¬ 
speakers are replaced by headphones, since at all other times the left ear hears 
a combination of sounds from both left and right loudspeakers, and vice versa. 
If the sound from the left hand loudspeaker is A , and that from the right is B , then 
at the two ears there will be the ‘direct 5 signals AL and BR and the ‘indirect* 
sounds AR and BL (Fig. 1). These indirect ‘crossed* signals will be delayed by 
an amount, given by : 

T a « Sin 0 , 

where 6 is the angle subtended by each loudspeaker at the ear of the listener. 


Loud s 


eakor 


Fig. 1 

Paired source listening equal signals 
from both loudspeakers 
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28 If now the signal levels at the two loudspeakers are changed so that they are 
no longer equal, an interchannel intensity difference is produced. It can be seen 
that this will produce an interaural intensity difference, but due to the crossed 
signals an interaural time difference will also be present at low frequencies. Clark, 
Dutton and Vanderlyn, in a paper presented in 1957, derived an expression for 
this m terms of phase difference, phase and time difference being effectively the 
same at low frequencies. This expression was : 

Phase difference — - ~ — s ' n ® 

A -1 B v 

Again, if the signal levels at the loudspeakers are kept equal, but a time 
difference is introduced, then again this interchannel time difference does not 

produce only an interaural time difference, because of the presence of the crossed 
signals. 

29. The effect ol interchannel intensity and time differences in two channel 
systems has been very fully investigated by D.M. Leakey. Fig. 2 shows the effect 
of interchannel intensity difference only, at low frequencies. The movement of 
the sound image was substantially independent of the type of sound, the level, or 



Paired source listening producing an image at S 

the particular listener, so long as the listener was seated exactly on the centre line, 
but there were noticeable variations as soon as the listener moved away from this 
point. Leakey derives mathematical expressions which are in reasonable agree- 
ment with the experimental results, and, with some approximation, the angle of 
incidence < of the sound image is given by : 

c- -4-.fi „ 

Sin 6 

30. Further arguments develop the theory at high frequencies, and point out 
the fact that, whilst correcdy placed images can only be formed at low frequencies 
if the channels are in phase, phase reversal of one channel has little effect at high 
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frequencies when the angle 6 is large. When 6 is small, and more particularly 
when the loudspeakers are accurately matched, it becomes more necessary that 
the signals should be in phase at all frequencies. 

31. From the results for one type of sound, wide band speech, when the listener 
moves away from the centre position, it is observed that the image becomes very 
poorly defined compared with central listening. The experiments with inter¬ 
channel time differences alone show that the image can be moved in this way (by 
shifting the position of the listener). Furthermore such movement can to some 
extent be corrected by a suitable change in the interchannel intensity difference, 
at least for time differences upto about 2 milli-seconds. Such correction 
of position does not improve the image definition, however, and when the 
interchannel time difference is greater than this the impression of a single sound 
image is almost completely lost, the sound appearing to split into two separate 
parts. 

Microphone technique 

32. Microphone technique for stereophony falls into three main groups as 
follows : 

(a) Omnidirectional microphone system % 

This system can be further subdivided into widely spaced (upto 20 ft.) 
and closely spaced. In this case interchannel intensity and time 
differences are both present, and the time differences can be readily 
calculated to be of considerable magnitude. The effect of these inter¬ 
channel time differences will almost certainly blur the resultant 
images, and if the time differences are very great they may cause the 
images to separate into two sources, one in each loudspeaker, resul¬ 
ting in the now familiar ‘hole in the middle’. These faults can to 
some extent be reduced by reducing the spacing of the microphones, 
thereby reducing the interchannel time differences for a given posi¬ 
tion of sound source, and the hole in the middle can be prevented 
with a centre microphone divided equally between the two channels, 
but random effects will still be caused in the final result. 

(b) Dummy head system 

In this stereo effect is produced by placing two microphones one on 
either side of a dummy head. The effect of the bulk of the head is 
to increase, especially at high frequencies, the interchannel intensity 
differences, and to a very much lesser extent, the interchannel time 
differences. The system is really only suitable for a reproduction by 
means of headphones, when it can give good results, except that the 
sounds will always be inside the head, and will move disconcertingly 
with head movement. 

(c) The coincident system 

In order to produce well defined images, in their correct places on the 
sound stage, strong, interchannel intensity differences are desirable, 
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with interchannel time differences kept to a minimum. This is, of 
course, still assuming a centrally seated listener. This type of signal 
can be produced by a pair of directional microphones, suitably orien¬ 
ted, and placed as close together as possible. If the listener is not 
exactly on the centreline of the loudspeakers, then some deterioration 
of the sound picture will result. The interchannel time differences 
introduced will move the images, and more seriously, cause them to 
become blurred. The intensity differences will also move the images. 
Movement can to some extent be corrected by suitable design of the 
loudspeaker polar response. An alternative method of correcting 
the movement of the images with off centre listening suggested by 
Vanderlyn is that a third, centre loudspeaker, fed with the sum of the 
left and right channels, at a lower level than the main loudspeakers, 
will improve matters. This loudspeaker is placed nearer to the 
listeners, so that the sound from it arrives at the listener from 1 to 30 
milli-seconds earlier than the sound from the main loudspeakers. 
The level should be some 13 db below that of the main loudspeakers, 
and it is not necessary to reproduce low frequencies so the speaker 
can be quite small. By this means a two channel system can be made 
more satisfactory for a larger audience. Fortunately under domestic 
conditions only relatively few people will be listening in any one 
household, and they will not need to sit too far from the centre line, 
so the trouble may not be too serious. 

Factors influencing sound-source location 

General 

33. The exact process by which the hearing system locates a given sound source 
is no more certain than that by which it perceives sound. The full use of both 
ears leads to the most accurate location, although with some experience, location 
can be achieved with one ear almost fully blocked. Movements of the head are 
then made, pressumably to ‘sample* the sound field in some way, as is done simul¬ 
taneously by both ears, when these are operational. 

34. In both cases, it is clearly necessary to consider the differences existing at 
two relatively adjacent points in the sound field. The presence of the head there¬ 
in must also be significant, in its effect on these differences. 

Intensity or loudness differences 

35. For the source not in the median plane of the head, the head represents an 
obstacle between the source and the more distant ear. If a dimension c d * of the 
head is comparable with, or less than, the wavelength ‘A’ of a sound component, 
diffraction limits its effectiveness as an obstacle. Rayleigh treated the head as 
a sphere of circumference 2 ft. and calculated the intensity ratio at the two ears 
for a source on the ear-ear line. The ratio is then about 2 db at 2 kilo-cycles per 
sec. but less than 0.1 db at 150 cycles per sec. Direct measurement of the ratio 
confirms that there is no significant difference of intensity at frequencies below 

3O0*t*5^6tf l per sec. 
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36. A further aspect of the diffraction effect is that, because it is a function of 

^ , the frequency spectrum, and hence also the loudness, of a complex sound 

will always in general be different at the two ears. It is not insignificant that 
location of a puretone source is less accurate than that of a complex tone source. 

Phase and time differences 

37. That the intensity difference at low frequencies is negligible, and that even 
in the mid-frequency (250—1500 cycles per sec.) range, the intensity difference 
required to produce location accuracy is quite differenct from that which occurs 
naturally leads to the supposition that other factors are also relevnt. The differ¬ 
ence in path—lengths from the ears to an oblique source leads immediately to a 
difference in time of arrival of a given wave front. 

38. The ear-ear distance is approximately 20 crps. so that maximum time differ¬ 
ence ( i.e ., for a source on the ear-ear line) is about 0.6 milli-sec. It seems reason¬ 
able to suppose that this effect becomes completely unhelpful when the time 
difference becomes greater than 1 wave-period, in the limit, i.e. at fan 1.6 kilo¬ 
cycles per sec. 

*» 

Differences in ratio , direct sound/reflected sound 

39. In any environment other than a perfectly symmetrical one, the sound inci¬ 
dent on each ear will contain different proportions of directly and indirectly 
received energy. It is common experience that the brain is able, whether con¬ 
sciously or sub-consciously, to focus its attention on those portions considered 
relevant. Presumably, also, it can make use of this total information for location 
purposes. 

Practical stereophonic systems 

General 

40. In addition to Blumlein’s system, a number of other methods of producing 
stereo signals are in use. In the following paragraphs, the various systems in 
use are explained as well as one or two terms which may be noted, in order to put 
the stereo system in its correct context. 

Monophonic system 

41. A monophonic system is one in which the programme is transmitted through 
a single channel. More than one microphone may be used in the studio, but 
each of their outputs are combined to form essentially one audio channel. 

Binaural system 

42. A Binaural system is one in which two microphones are placed so as to 
occupy the normal ear positions, and connected to two separate channels, which 
are eventually led to two (separate) earphones at the listener’s ears. 

Stereo systems 

43. Stereo system is a name originally given to a system involving a plurality 
of microphones, arranged so as to form a plane, intersecting t^js^gtyg jfafgfe 
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microphone feeds a separate channel, terminating in a loudspeaker placed at the 
corresponding point in a plane formed in the listening room. The term is now 
applied to any system employing more than one separate channel, each termina¬ 
ting in a loudspeaker. 

44. Correction of the loss of spaciousness and perspective is possible by the use 
of two or more isolated channels. The greater the number of channels, the better 
is the stereo effect. 

45. A satisfactory and practical approximation of the sound originating from 
an orchestra on a stage can be achieved if only three channels are used instead 
of many. One centre channel plus one on cither side of the stage reproduces the 
effect of a live orchestra convincingly. 

46. A two-channel system, however, is much more common in home systems 
than a three-channel system. T he results obtained from a two-channel system 
are not as convincing as the results from a threc-channcl system, since there is 
likely to be difficulty from the lack of a real sound source in the centre of the 
speaker arrangement. Because of this difficulty, the two speakers must be spaced 
at a narrower angular distance from the listener’s position than the outside speakers 
in a three channel stereo system. 

47. Nevertheless, with only two channels, the improvement in spatial effect is 
quite marked in comparison to the results obtained with a single-channel system. 

Pseudo-Stereo systems 

48. A number of artifices have been applied to what is essentially a monophonic 
system in order to produce one or more stereo effects. They are characterized 
by having one channel and at least two separate loudspeaker systems. Relative 
frequency, phase, time or gain differences are introduced between the two sepa¬ 
rated loudspeaker channels. 

49. With a stereo reproducing system there will be occasions when it is desired 
to reproduce monophonic material, and, depending pn the nature of the material, 
some form of spreading—as obtained in pseudo-stereo—may be an advantage. 

50. In the studio the use of‘spread 1 or ‘delocalised’ sounds derived from mono¬ 
phonic sources in two channel stereo productioas has been found to provide a 
useful addition to the ‘tools of the trade’, particularly where dramatic effects are 
concerned. The general requirement can be divided into two parts, the first 
being the spreading of monophonic sources across the sound stage, and the second 
the production of a delocalised or disembodied sound. An example of the first 
could be the use of a monophonic recording of rain to provide an effect of rain 
over the whole stage, instead of its appearing as a point source, as it would if it 
were introduced via a panpot. The second, or delocalised sound, might be very 
useful for the narrator in a play or feature, when it is not desirable that he should 
appear on the sound stage as a part of the action. 

Frequency splitting 

51. Various attempts have been made to produce a pseudostereo spread of 
sound from a microphonic source. A simple method was to turn the single loud- 
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speaker to play into the corner of the room, so that all the sound was reflected 
(Fig. 3). This was not too satisfactory, however, since the lack of direct sound 
destroyed most of the sense of presence. An improvement on this was to use two 
loudspeakers, one facing the corner as before, and the other facing forwards to 
give the required presence. The West German radio service used for some time 
a monitoring loudspeaker whose high frequency units were mounted in a sphere, 
so that they radiated in all directions. This certainly produced a very diffused 



Fig. 3 


Use of corner reflections to diffuse single loudspeaker 


sound, indeed many users thought it too diffused, and the latest version has units 
facing forwards, upwards and sideways. At best the methods only gave a limited 
lateral spread of the sound. Another system, only intended for reproduction of 
orchestral music, proposed by Swiss Hermann Scherchen, uses electrical net¬ 
works to divide the sound between the identical loudspeakers, and produces a 
more controllable spread. 

Acoustic delay 

52. A different method of approaching the problem is to arrange that a time 
delay is introduced between the sound fed to the two loudspeakers. One method 
of achieving this was marketed in the United States under the trade name ‘Xo- 
phonic*. This consisted of an acoustic delay device introduced into the feed to 
one loudspeaker (Fig. 4). The output of the amplifier was split, one output going 



Fig* 4 

System of spreading 
using acoustic delay line 
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directly to one loudspeaker, and the other being fed to a small loudspeaker driver 
unit tightly coupled to the end of a 50 feet long coiled tube. The other end of 
the tube was coupled to a microphone unit, and the output of this was amplified 
and fed to the second loudspeaker. Due to the acoustic limitations, the frequency 
response of the unit was limited to the range of 200 to 3000 cycles per sec. The 
sound produced by the time delay method will tend to be a delocalised one 
rather than a spread source. 

Phase shifting 

53. It has been suggested that if the monophonic signal is fed to the two channels 
out of phase, the required spread of sound will be obtained. Whilst this is to 
some extent true, at low frequencies any way, the actual effect perceived by the 
listener seems to vary from one person to another. The BBC have tried a system 
of pseudo-stereophony (Fig. 5) whereby the monophonic sound itself is fed to both 



A B 

Fig. 5 

Electrical spreader 


channels, one being fed direct, the other through a phase shift network having 
a group delay of about 1 ms. 

Summary of methods of generating stereophonic signals 

54. The list which follows is not exhaustive, but distinguishes the various prin¬ 
ciples involved. 

Time-intensity method 

55. Two microphones are spaced apart by a distance much greater than the ear- 
ear distance, and a baffle is interposed between microphones, (Fig. 6). The 
angle 0, subtended by the line between centres of the microphones is also that 
which is subtended by the loudspeakers at the listener’s head. The microphones 
receive signals which are functions of the respective path-lengths, and also of the 
intensity differences, which arc exaggerated at the high frequencies by the baffle 
board. 

Time method 

56. Similar in arrangment to the previous method, but having no inter-micro¬ 
phone baffle. The distance between microphones is such that the time differences 
between wavefronts received at the separate microphones is not less than some 
acceptable minimum (3-5 ms typically for sound emanating from the extremes of 
the sound stage). In both of the above methods, some fraction of the output of 
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that, with suitable weighting of the L and R signals, and taking the angles as 
defined by the figure. 

Sin Oa = tan Sr Sing W 

So that, provided 0 a is not too large, for a given listening distance and hence 
given V 7 , 

6a < 07, approximately 

This system is free from the ‘hole in the centre 5 effect mentioned earlier. 

Mid-side method 

58. Two nearly coincident microphones are again employed, having figurc-of- 
eight and cardiod polar diagrams respectively; these are oriented as shown in 
Fig. 8. With the figure-of-eight diagram normal to the centre-line of the sound 



stage, the microphone associated with this diagram produces an output propor¬ 
tional to ( L—R ). The “cardiod 55 microphone receives a composite signal pro¬ 
portional to (L+R+C). By adding these signals cumulatively and differentially, 
two signals (2 L+C) and (2 R+C are derived.) 

Stereophonic reproduction requirements 

General 

59. With certain exceptions referred to below, all methods of stereo-signal gene¬ 
ration require identically similar treatment during the reproduction process* 
This identity refers in particular to the following : 
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(a) Equal absolute gains of the channels and similar gain/frequency characteristics 

These equalities are clearly necessary, since, as discussed above, the 
stereo effect depends primarily on intensity and time effects, which 
should not be spuriously modified by the reproduction channels. 
The effects of channel unbalance depend somewhat on the genera¬ 
tion method, but in general a gain difference of 2 db (such as would 
result from an individual channel tolerance of ± 1 db) will shift a 
properly central image by about 7 per cent of the stage width. Simi¬ 
larly, a time-delay difference leads to inaccuracy of location and 
estimation of “depth”. If the maximum time-delay difference is 
put at 0.25 ms, the corresponding permissible phase-angle difference 
at 40 cycles per sec. is 3.6°. 

(b) Similar polar diagrams for the loud speakers at all relevant frequencies 0 

This requirement is really a concomitant of (a) above, for any listener 
situated outside the ‘equal-field* area. It is also desirable that the 
polar diagram should not be notably directional at any region in 
the frequency range; with such directivity, the stereo effect changes 
more with the listener’s position than is otherwise necessary. 

Cross-talk 


60. The cross-talk ratio is defined by 

power in o ne cha nnel, maximum input \ 
power in other channel, zero input ) 

The presence of cross-talk leads to ‘dilution* of channel identity, and it is found 
desirable to ensure that the cross-talk ratio is not less than 30 db. 


Cross-talk ratio = 10 log 


10 


Other requirements 

61 The remaining other requirements, as given below, will be dealt with later 
separately either in domestic stereo reproduction or stereophony in large auditoria: 

(a) Stereo amplifier and pre-amplifier 

(b) Loudspeaker systems, their matching and placing 

(c) ‘Balance’ control 

Domestic stereophonic reproduction 

General 

62. Equipment for the reproduction of stereo sound in the home can cost a 
modest amount, or a great deal of money, depending on the degree of enthusiasm 
in the project, or more likely, on the depth of the pocket. 

63. Stereophony and high fidelity do not necessarily go hand in hand. It is 
possible to produce equipment which will give an acceptable stereo effect with 
only moderately good quality of reproduction. On the other hand, equipment 
capable of the highest possible reproduction quality can, if improperly installed, 
give very poor stereophony. 
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64. The requirements for high quality reproduction have been discussed at such 
lengths and by so many different authorities that there is little need to repeat 
them here. All that has been said concerning electronic equipment for mono¬ 
phonic sound reproduction applies equally to stereophony; it merely has to be 
doubled to produce the two channels. It is desirable that the various controls 
for both channels should be accurately gauged together in pairs, for if this is not 
done it will be difficult, as controls are varied, to preserve the exact balance 
between the two channels so necessary for perfect reproduction. 

65. As with monophony, the two ends of the reproduction chain are the most 
critical if good quality is to be obtained. The loudspeakers in particular must 
be accurately matched, otherwise the positional information will not be faithfully 
reproduced and the listener will hear sounds in false positions on the sound stage. 
By fake is meant a position other than intended by the producer of the recording 
or radio transmission. The relative position of the loudspeakers with respect to 
the listeners is also important for good reproduction of the programme material. 

Power amplifier 

66. There is no difference between an amplifier used for monophony and stereo¬ 
phony. Similar power handling requirements are necessary. These are mecha¬ 
nically similar and are physically disposed to minimise cross-talk. 

67. It is interesting to point out, however, that many listeners have reported 
that for the same total power radiated into the room by the loudspeakers, a stereo¬ 
phonic system appears to produce an aurally louder impression than a mono¬ 
phonic one. It may be, therefore, that smaller power amplifiers can be used to 
produce an adequate volume level, thereby reducing the liklihood of offending 
neighbours. 

Pre-amplifier 

68. The pre-amplifier for stereo system ideally requires a few extra controls 
over and above those which would be found in monophonic equipment. (Fig. 9). 



Fig. 9 

Block schematic of stereo pre-amplifier 

The normal vol um e and tone controls are of course desirable, these being gauged 
so that one knob operates the control for both channels. It is very necessary in 
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order to preserve the stereo picture, that when an adjustment is made to one 
channel, an identical adjustment is made to the other and hence considerable 
care must be taken in the gauging of the controls and the accuracy of the associa¬ 
ted circuitry. 

69. A balance control must be provided so that the overall gain of the two 
channels in the system can be adjusted relative to one another so that they are 
exactly equal. This is necessary to take into account any slight errors that may 
exist either in the system itself or in the programme material fed to it. It is possi¬ 
ble also, by using this control, to compensate, to some extent, for listeners sitting 
away from the centre line of the loudspeakers, but only, of course, when they are 
all on one side. 

70. A very useful adjustment which has not so far been applied to many domes¬ 
tic stereo systems is the width control. As with the studio equipment, in its 
simplest form this consists of a means of introducing some of the left hand channel 
into the right and vice versa. By this means the effective width of the reproduced 
picture can be reduced, no matter if the distance between the loudspeakers is 
large, to occupy a suitable amount of space between them. 

71. Such a control is yscful, for example, when a recording of a work of chamber 
music is played immediately after a recording of a full symphony orchestra. It 
is quite probable that the recording company will have recorded both works to 
occupy the full width of the space between the loudspeakers. In fact, however, 
the chamber music group will in the recording studio have occupied very much 
less space than an orchestra (Fig. 10) and so, in order to reproduce these to a 


■ 

Orchestra ] 

■ 

m 




Fig. 10 

Desirable relative widths for orchestra and string quartet 

similar scale, it would be desirable to reduce the width of the reproduced picture 
of the smaller group. An increase in the width of the sound picture would sel¬ 
dom seem to be necessary, and would be difficult to achieve without special cir¬ 
cuitry, except that in a receiver for multiplex stereo broadcasts, where a control 
on the difference signal could be used. 

72. Two other controls are necessary. The first of these is a simple switch to 
reverse the phase of one channel. This may be considered a refinement since it 
should be possible to set this once and for all when the equipment is first set up. 
Accidents will occur, however, and some commercial recordings have inadver¬ 
tently been issued with the two channels out of phase; such a switch would enable 
the error to be corrected without* recourse to a soldering iron. In a similar way 
left and right channels have occasionally been reversed and 3 switch enabling 
the two channels to be interchanged would also prove useful. 
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Installation of equipment 

73. Having decided on the equipment to be incorporated in our stereo system, 
it is necessary to give some thought to the way the various parts should be set up 
in the listening room. The control unit should preferably be mounted separately 
from either loudspeaker, and installed in such a way that it can be operated from 
the principal listening position. (Fig. 11). In this way settings of tone, volume 





I Principal seating position | 

Fig. 11 

Use of separate control unit 

and balance controls can be adjusted with the minimum of trouble. If the con¬ 
trol unit cannot be operated from the principal listening position it may be 
necessary to enlist the aid of a second person to turn the knobs in the balancing 
process, under the direction of someone in the best listening position. 

74. The position of the control unit is not at all critical on any grounds other 
than those of operating convenience, but the position of the loudspeakers is in a 
corner, partly because it takes up less of the available space in the room if so ins¬ 
talled, but also since the extra air loading due to the walls and floor of the room 
enables a better bass response to be obtained. 

75. The most suitable place for loudspeakers for stereophony, then, would seem 
to be in two corners, preferably across the narrow end of a rectangular room. 
If the room is of such a size that placing them in this position would make the 
distance between them greater than 10 ft. or so, then the loudspeakers may have 
to be moved out of the comers, or it may not be possible to fuse the two sources 
into a complete sound picture. 
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Type of loudspeaker to be used 

76. Much argument and discussion has taken place on the question of type of 
loudspeaker assembly to be used for streophony. Some authorities insist that 
since the object is to spread the source of sound across the space between the loud¬ 
speakers, omnidire ctional assemblies should be used. This misconception seems 
to stem from monophonic practice. With monophony, it is often desirable to 
spread the sound so that as far as possible it does not appear to come from the 
loudspeaker, and to this end a number of devices have been employed. They 
produce arbitrary, built in directional information which well be better than none 
at all. With stereophony, on the other hand, all necessary directional informa¬ 
tion should be contained in the transmitted signals, and so pseudo-stereo effects 
adding additional arbitrary information will only spoil the intended effect. 
(Fig. 12) 



Fig. 12 

Omnidirectional loudspeakers producing delayed reflections 

Arrangement of loudspeakers 

77. Loudspeakers arranged so that they direct their sound towards the listener 
and not at nearby walls and other reflecting surfaces are therefore desirable. It 
is usually found that the most satisfactory results are obtained if the loudspeakers 
are angled inwards, (Fig. 13) with their axes crossing some distance in front of the 
listeners, these axes making an angle of 90° with each other. This type of placing 
often enables the stereo effect to be enjoyed by more listeners than is possible when 
the loudspeakers are arranged so that their axes are pointing towards the principal 
listener. 



ATTRE : StfiRfiOPHONJC SCKJND REPRODUCTION 


137 


78. The fact that it is desirable to reduce all reflected sound to a minimum 
means that not only are omnidirectional loudspeakers undesirable, but also that 


Fig. 13 

90° loudspeaker placing 


room reflections must be reduced to a minimum if the best possible stereo effect 
is to be obtained. Undoubtedly, the best stereo effect would be obtained if the 
reproduction took place in an acoustically dead room, since the original studio 
acoustic is well conveyed, if only in two dimensions. Such a room, however, 
would be most unpleasant to live in. 

79. It is still desirable, however, to ensure that the area between the loudspeakers 
is as non-reflecting as possible, and also the area immediately to the sides. It is 
also helpful, though not essential, to reduce reflections from the wall opposite the 
loudspeakers as much as possible. 

80. The need for non-reflecting surfaces around the loudspeakers does not 
necessarily imply expensive acoustic treatment. It will frequently be the case 
that the most convenient place for the loudspeakers is on either side of a window, 
and the simplest method of effecting the necessary treatment is to make the win¬ 
dow curtains of suitably heavy material and hang them from ceiling to floor. 
This curtained area between the loudspeakers can have another effect; not acous¬ 
tic, but psychological, in that the neutral area between the loudspeakers can help 
to give the listeners the effect of looking at a stage. A similar treatment of the 
wall opposite the loudspeakers will reduce reflections from that source to an accep¬ 
table value. 

81. Even if there are no windows in that wall, the addition of curtains can add 
considerably to the interior decoration of the room. The space on either side of 
the loudspeakers can be similarly treated, or the absorption can be provided by 
placing soft upholstered furniture in this position. 

82* Such makeshift acoustic treatment as described in the last paragraph does 
not, of course, preclude the use of any of the more professional types of sound 
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absorbers. Almost any of the standard acoustic tiles can be used in this appli¬ 
cation, as could glass fibre or rock wool, suitably mounted on a batton frame¬ 
work, and covered with some porous decorative material. 

83. If the ultimate in stereo installations is desired, some thought might be 
given, not only to providing a suitable acoustic environment for the best sound 
reproduction, but also to the concealment of the loudspeakers. Many people 
find that it is easier to fuse the sounds from the two loudspeakers into a conti¬ 
nuous sound picture if they cannot see the actual sound sources. There are, of 
course, many ways in which loudspeakers can be concealed such as by a net curtain 
or two sets of curtain etc. Whatever method is used, care must be taken that the 
concealing materials do not impede the sound to any significant extent, and that 
the loudspeakers are not boxed in with solid material in such a way that resonant 
cavities are produced. 

Balancing the system — c balance 9 control 

84. It cannot be too strongly emphasized that good reproduction cannot be 
obtained unless the balancing routine is carefully carried out. Having suitably 
placed the loudspeakers, a monophonic signal should be applied to both chan¬ 
nels. This can be done from the radio, or from a recording, and probably the 
easiest method is to play a monophonic disc with a stereo pickup. This should^ 
result in an identical signal being fed to the two channels. 

85. The volume is then turned upto a cortVenient level, and, sitting in the op¬ 
timum listening position on the centre line between the two loudspeakers, the 
balance control is adjusted until all the sound appears to come from immediately 
in front, that is midway between the loudspeakers. The system is then correctly 
set for stereo reproduction. 

86. This method of centralising will also give an indication of whether the two 
loudspeakers are correctly placed. If they are not, no central image will be 
possible, and equal signals from both channels will produce an odd effect, best 
described as a sound coming from above and behind the listener’s head. The 
remedy for this is of course to reverse the connections to one loudspeaker. 

87. This is, incidentally, an excellent method of judging the ‘goodness’ of a 
stereo system, since the more accurately balanced the two channels are, the shar¬ 
per will this centre image be. Small inequalities in frequence response between 
the two channels wiil result m a less distinct image, and if these irregularities arc 
large, splitting of the image may occur. 

88. Similarly, the technique can be used to find the op timum positions for the 
loudspeakers in a given room. 

89. Various aids to achieving a good balance between the channels are commer¬ 
cially available. The simplest of these consists of a meter assembly designed to 
be connected across the loudspeakers. When the system is balanced the meter 
reads zero. There are other systems as well where the loudspeakers of equal 
sensitivity only can be used. 
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Stereo speaker systems 

90. In the simplest stereo arrangement two similar speakers or two similar 
speaker systems are used, one for each channel. Fig. 14 (a) illustrates such an 
arrangement. In this case, two extended range speakers are used, each housed 
in its own enclosure. However, if the reproducer is to comprise a woofer and 
tweeter, or a woofer, midrange speaker and a tweeter, then each of the two en¬ 
closures will house identical sets of speakers. 
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Fig. 14 

Stereo speaker systems 

91. Usually the two speakers (or speaker systems) are placed 6 to 8 feet apart. 
This is the arrangement used in many ‘packaged* stereo systems, but is not 
necessarily the best. Assuming that the two speakers are identical, it is quite 
possible that the acoustics of the room require that the spacing between speakers 
be something more or less than the 6 or 8 feet mentioned, in order to achieve the 
best stereo effect. Although most amplifiers have some arrangement for balan¬ 
cing, it is often impossible to achieve correct balance without altering the loca¬ 
tion of one or both speakers. 
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92. Another type of stereo speaker system is shown in Fig. 14 (i). Here a 
third speaker has been added. Signals from the left and right channels are fed to 
the third speaker, located between the other two, thus creating a third channel. 
This method seeks to avoid the ‘hole in the middle* or “ping-pong” effect noted 
in some two-channel systems. A few amplifiere are equipped with a control for 
blending signals from the left and right channels in order to set up the third chan¬ 
nel. 

93. A variation of the system just described is shown in Fig. 14 (r). The left 
channel and the right channel use speakers covering all the musical range except 
the bass; that is, each speaker system consists of a mid-range speaker and a twee¬ 
ter. The middle channel employs a woofer only; it receives only the lower tones 
from both the left and right channels. This “blended bass” system operates on 
the principle that the lower frequencies are non-directional and therefore only 
one sound source is needed for them. 

Stereo from disc 
General 

94. Two-channel disc phonograph sound reproduction was commercialized 
in 1958. The stereo disc phonograph provides the reproduction of the original 
sound sources in auditory perspective, that is, the spatial relations in the original 
sound are substantially retained in the reproduction of the recorded sound. 

Basic system 

95. The simplest possible basic system for reproducing stereo disc recordings is 
shown in Fig. 15. It consists of a record player or changer utilizing a dual-element 
cartridge. If a variable reluctance type of cartridge is employed, the voltage- 
producing units will then be coils instead of crystal elements. 



Fig. 15 

Simple system for 
reproducing stereo disc 
recording 
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96. One crystal element (or coil) delivers the musical information it picks up 
from its side of the record groove to an amplifier; the amplifier voltages are then 
applied to a loudspeaker. The combination of crystal element, amplifier and 
speaker is referred to as a channel; we shall call this one the right channel, or 
channel A. The remaining crystal element delivers its voltage to a second 
amplifier and the amplified voltages are applied to a second loudspeaker. This 
combination of crystal element, amplifier and speaker is the left channel, or 
channel B. 


97. With sufficient separation between the two speakers we shall then receive 
the impression that the sounds of the various instruments in the orchestra reach 
us from the proper directions and the overall result is a sense of realism not 
achieved by monaural high fidelity systems. 

Stereo pick-ups 

98. The difference between stereo and monophonic pickups is much more pro¬ 
nounced than in the case of tape replay-head. Two transducing elements at 
right angles are necessary to resolve the compound motion of the stylus into the 
separate channel components. Usually, the stylus cantilever is linked to a 
bridge-piece which transmits motion to both elements simultaneously. There¬ 
fore, the effective mass of the system tends to be doubled (relative to the equival¬ 
ent monophonic pick-up) and the low frequency resonance frequency reduced by 

a factor ^ therefore mass-reduction must receive even closer attention by the 

designer. 

99. The vertical compliance should be high in order to reduce the wear due to 
pinch effect. In a stereo pick-up it is essential that the veitical compliance be 
commensurate with the lateral compliance, since the modulation itself now has 
a vertical component. By the same token, the vertical component of the turnt¬ 
able ‘rumble’ typically several times greater than the horizontal component, 
must be considered. Fortunately, due to the interntional phase-reversal referred 
to above, the vertical ‘rumble’ component is largely cancelled. 

100. A further factor which requires attention is the angle made by thea xis of the 
pick-up with the record surface, this angle is sometimes referred to as the azimuth 
angle. If this is other than 90°, cross talk is introduced. Due to the imperfec¬ 
tions of the mechanical construction, the cross-talk in any case cannot (in con¬ 
temporary design, at least) be reduced to the values achieved in a tape system, 
and 20 db over the middle-frequency range appears to be considered good, even 
though at the extremes of the frequency range, the cross-talk may approach 0 db. 


Reproducing system 

101. The elements of a complete stereo disc reproducing system are shown in 
Fig. 16. There are two identical channels following a two-channel disc phono¬ 
graph dynamic pic-up. Each element of the stereo pick-up consists of a trans¬ 
ducer of the type employed in the single channel lateral dynamic pick-up. The 
arrangement is such that a vibration which excites one element will not excite 
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the other. Other types of pick-ups have also been developed. For example, 
in a ceramic pick-up two ceramic elements are arranged with the vibrating planes 
at right angles and coupled to the stylus in such a manner that a vibration which 
excites one clement will not excite the other. 



Channel A Channel B 


Boon 
Fig. 16 

Stereo disc phonograph reproducing system 

102. The groove used for the stereo disc record is a fine groove. A stylus with 
a tip radius of 0.00075 in. is recommended for use in reproducing stereo disc 
records. Both diamond and saphire stylii are in use. 

Compatibility 

103. The word compatible means capable of existing together in harmony. 
Applied to stereo it refers to a disc recording that may be played on either a stereo 
or a monaural player. Monaural recordings may be played on stereo equipment 
without damage to either equipment or recording. Of course, since a monaural 
recording contains only one set of modulations, only one pick-up element, one 
amplifier and one loudspeaker functions during the playing of such a recording. 

104. Unfortunately, the reverse situation is not true in present stereo recordings, 
although there are developments under way that may soon make this possible. 
Any attempt to playback a stereo recording on a player designed solely for monau¬ 
ral recordings will result in damage to the recording. This may not be evident 
to the non-critical listener after only one playing and the danger is that the listener 
may not notice the damage, may assume that none has resulted and may try it 
again. Almost certainly the recording will be ruined after several playings. 
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105. The reason why stereo recordings cannot be played on monaural equip¬ 
ment is due to the construction of the pick-up. A stereo stylus is free to move in 
two directions, as we have already seen. We might say that it has both vertical 
and lateral compliance. Compliance is merely a measure of how easily the stylus 
may be deflected from its rest position. A monaural stylus is free to move only 
laterally; we might say it has only lateral compliance. Consequently, when a 
stereo record is played on a monaural record player, one side of the groove is sub¬ 
jected to the action of a stiff, unyielding stylus and the delicate engravings in that 
side~wall arc rapidly destroyed. 

Stereo from tape 

General 

106. A two-channel magnetic tape stereo sound reproducing system employing 
pre-recorded magnetic tape was commercialised in 1956. ‘Stercosonic’ tape 
records, produced by EMI Limited of Britain, arc becoming more popular as 
more people are buying tape recorders and converting them for stereo operation. 
Unlike the disc, however, which enjoys a considerably greater degree of popu¬ 
larity, stereo tape records are mainly of interest to the specialist. 

107. Most stereo recorders of the home variety were, and still are, designed for 
playback only of stereo recordings, but they are capable of cither recording or 
playback of monaural music. 

Tape records 

108. In Britain tapes arc at present being made at tape speed of 71 in. per second, 
using half the tape width per channel, and they arc treated electrically in a man¬ 
ner indentical to that for monophonic tape records. The total playing time per 
tape is half that of the monophonic double-track tape of the same length. In 
the United States, two-channel stereo tapes using J width per channel are readily 
available ; with these the playing time is restored at the expense of a relative 
loss of output of 6 db. 

Tape replay heads 

109. The Principal critciia additional to those of the single track head are as 
follows :— 

(a) Accuracy of alignment of the gaps on a common azimuth line. 

(b) Accuracy of track-width and spacing, relative to the standards laid 

down. 

(c) Reduction of cross-talk; normally the upper track of the replay head 

will be used alternatively to scan monophonic records. The pre¬ 
viously-mentioned figure of 30 db, for the minimum cross-talk is then 
quite unacceptable, since the spurious signal from the lower track 
bears no relation to the signal from the upper track and, moreover, 
occurs in reverse; 55-60 db should be achieved. This implies, in 
particular, the use of inter-track shielding within the head> 
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Reproducing System 

110. The elements of a stereo magnetic tape reproducing system are shown in 
Fig. 17. There are two identical channels. The magnetic head is same as that 
used for stereo recording. The two-channel magnetic head is in reality two 
heads. The head is termed a stacked head because the gaps in the two head* 
are in a line. The stacked head is now the standard arrangement. 



Channel k Channel B 

Room 

Fig. 17 


Stereo magnetic tape reproducing system 

Stereo radio 
General 

111. Stereo radio reception is not, unfortunately, yet with us, although it is al¬ 
ready an established practice in the United States, where a large number of local 
stations are transmitting two channels by means of the Zenith-General Electric 
system. In Europe, Working Party S of the European Broadcasting Union have 
proposed that the same system be adopted there also. However, ‘Storecasting’ 
has been excluded and a pre-emphasis of 50 us is specified. 

Zenith-General Electric system 

112. The design of a receiver for this system can take two different forms, and 
these are shown in block schematic. (Fig. 18). The first of these separates the 
monophonic signal, the sum of the two stereo channels, by the normal detection 
process. The pilot sub-carrier at 19 kilo-cycles per sec. is used to regenerate thc£ 
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38 kilo-cycles per sec. sub-carrier, either by direct amplification and doubling, 
or by locking a 38 kilo-cycles per sec. oscillator. A band pass filter selects the 
side bands of the difference signal Jfrom the complex transmitted wave form and 
these side bands are combined with the generated 38 kilo-cycles per sec. sub¬ 
carrier to produce the difference signal after detection. 


Matrix 



doubler 


Fig. 18 


Block diagram of basis decoder 

113. Due to the time delay introduced into the difference signal by the band 
pass filter, it is necessary to delay the sum signal by an appropriate amount in 
order that the two signals shall be in exactly the same time relationship as when 
they were originally transmitted. If this is not done, then serious cross-talk will 
be introduced at high audio frequencies. Sum and difference networks then 
combine the two signals to produce the original left and right components. 

114. The alternative design of receiver approaches the problem in a different 
way. It can be shown that the Zenith-General Electric system, originally des¬ 
cribed as a frequency division multiplex system using an amplitude modulated 
suppressed sub-carrier, is equivalent to a time multiplex system where the two sets 
of channel information are switched alternately to modulate the main transmitter, 
the switching occurring at the rate of the sub-carrier frequency. 


115. It is thus possible tadesign a receiver (Fig. 19) in which the 19 kilo-cycles 
per sec. sub-carrier triggers an electronic switch operating at 38 kilo-cycles per 
sec. which will switch the whole output of the receiver either to one loudspeaker 
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Fig. 19 

Decoder using switching 


chain or the other. A low pass filter is, of course, desirable to remove the 19 kilo- 
cyles per sec. pilot sub-carrier, and any higher frequency harmonics, from the 
feeds to the loudspeaker amplifiers, and to prevent interaction with the H.F. bias 
of domestic tape recorders. • 

116. It might be supposed that the circuitry outlined above for stereo reception 
could be applied after the normal detector of any V.H.F. sound receiver. Whilst 
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this is, of course, theoretically true, it is essential that the receiver circuitry shall 
be able to pass the highest frequency contained in the modulated wave form. 
In the Zenith-General Electric system, this is 53 kilo-cycles per sec. and so it is 
desirable for good operation of the stereo circuitry, that the ‘audio frequency* 
pass band should be of the order of 60 kilo-cycles per sec. Note especially that 
this figure is not the radio frequency pass band of the receiver but the modulation 
frequency, after the normal discriminator. 

117. It is further extremely important that the receiver shall pass the whole of 
the modulation spectrum without altering the time relationship of the various 
components, otherwise it will be impossible to combine the sum and difference 
signals to produce the original two channel signals. 

Stereophony in large auditoria 

General 

118. The reproduction of stereo sound to a large audience in a cinema, theatre 
or concert hall presents a number of problems over and above those found under 
domestic conditions. An audience listening to stereophony at home will rarely 
exceed five or six in number, and these can be accommodated in the average room 
in such a manner that no one listener is too far from the centre line. Undfcr these 
conditions, all the listeners will receive an acceptable stereo representation, from 
a two channel system 

119 If a two channel system is employed in a large auditorium, however, with 
the two loudspeakers mounted, for example, on either side of the stage, there will 
be many listeners who will not be able to hear the reproduction properly. The 
listeners on or near to the centre line of the hall will, provided the reverberation 
time is short enough, receive a good stereo sound picture, but as the position of 
the listener moves away from the centre line the stereo effect will deteriorate pro¬ 
gressively until in the side seats the sound will appear to originate in the nearest 
loudspeaker. Furthermore, there will again be a progressive deterioration of the 
stereo effect as the listener moves towards the back of the hall, due to the effect 
of even a small amount of reverberation. 

Placing of loudspeakers 

120. The important difference between the two kinds of system-domestic and 
large auditoria, is the fact that the listener sits at a great distance from the loud¬ 
speakers in an auditoria (except possibly those who sit in the front rows). The 
average listener is at a distance that is several wavelengths, even of the lowest fre¬ 
quency, from the loudspeaker grouping. Consequently some of things that may 
be said about stereo sound presentation in an idealistic sense, and which do not 
apply fully in the living room because of the limited dimensions, do apply, to a 
greater extent, in the large auditoria like a movie theatre. 

121. On the other hand, the spacing between loudspeakers, even the three units 
generally employed behind the screen, is so great that it is impossible to base the 
presentation on phase difference effects, because the space in between loudspeakers 
represents several wavelengths of all except the very lowest frequency sounds. 
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Consequently the most satisfactory method of obtaining a suitable stereo sound 
track presentation in a theatre consists of using separate audio channels and 
synthesizing the individual tracks to represent the programme content. 

122. Some improvement can be made for reducing the deterioration of stereo 
effect for listeners in the rear of the hall, by the addition of a number of extra pairs 
of loudspeakers, the actual number depending on the size of the hall. (Fig. 20). 
With the additoon of these extra loudspeakers, the area of the auditorium over 
which an acceptable stereo effect can be obtained will be considerably increased. 


Fig. 20 

Use of added pairs of loudspeakers 


123. The adjustment of such a multi-speaker two channel system requires some 
care if the best results are to be obtained. A monophonic signal should be used, 
and each pair of loudspeakers should be balanced separately so that, listening on 
the centre line, all the sound appears to come from the centre of the stage. Hav¬ 
ing set this balance, it is then necessary to adjust the volume level of the indivi¬ 
dual pairs so that, listening still on the centre line, the sound always appears to 
originate in the centre of the stage as the listening position is moved towards the 
back of the hall. This will mean that the loudspeakers nearest the stage will be 
the loudest, the volume level being progressively reduced as the distance from the 
stage is increased. With accurate adjustment, the useful area for stereo listening 
can be extended to all except the seats at the extreme side of the hall. 

Stereo motion pictures 

124. Whilst the above method of reproduction of two channel stereophony can 
provide statisfactory entertainment in a large hall, further difficulties arise when 
the stereo sound has to be synchronised with a cinema picture. In this case, 
not only does the sound have to be audible stereophonically to a listener seated 
in any seat in the theatre, but at any given moment the position of the sound must 
match exactly the position of the source in the picture. 
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125. In order to fulfil this condition it is necessary to use a large number of 
channels so that the extra loudspeakers will provide fixed points across the stage 
from which the sound will come regardless of the position of the seat in the theatre. 
In pursuit of these fixed points, three, five, or even seven channels have been used, 
the greater the number of channels the more accurate the positional information 
available. 

126. The idea of stereo sound in the cinema is almost as old as the sound film 
itself. At the same time as the early work was being completed on theo ptical 
method of sound on film recording, the basic work was going on, both in the 
United States and the Britain, to produce the first practical systems of stereo¬ 
phony, and it was natural that the two should be combined. 

127. Twin track stereophony was used and a special demonstration film was 
shown, in 1937, covering several aspects of the cinematic art, from music to drama. 
The twin channel system, however, showed the shortcomings mentioned earlier, 
and the subsequent development by the Bell laboratories of the stereo sound on 
film system increased the number of channels to three. At this time magnetic 
sound recording was not developed to the point where it was practicable, and 
recourse had to be made to one of the two optical systems available. 

128. The system chosen was the variable area sound track because this method 
of recording gave a greater dynamic range than was possible with the variable 
density system. In the first experiments the three channels were recorded on a 
separate film which was synchrodised with the picture film. It was found, how¬ 
ever, that the maximum signal to noise ratio available using this system was only 
some 50 db and it was decided that a dynamic range of 80 db was desirable if, 
realistic reproduction was to be obtained. 

129. An automatic system was devised whereby the dynamic range was com¬ 
pressed at the time of recording and a control track was recorded, also optically, 
on the sound film; the information on the track corresponding to the amount of 
compression used. When the recording was played back the information from 
this track was used to control the gains of the three channel amplifiers so as to 
resotre the full dynamic range required. In order further to reduce the back¬ 
ground noise, high frequency pre-emphasis was added at the time of recording, 
a corresponding de-emphasis being used during the reproduction. The first 
demonstration of this system, which covered a frequency range of 20 to 14,000 
cycles per sec. took place in April 1940. (Fig. 21). 

Fantasound 

130. About the same time as the Bell Laboratories were working on their 
system, the Walt Disney Studios in Hollywood, and the Radio Corporation of 
America were working on a system of stereo sound to accompany the musical 
Disney film ‘Fantasia*. The particular system developed was appropriately 
termed Fantasound. 

131. It was recorded optically on film and four tracks were used. Three of these 
carried the sound channels and the fourth a control track as in the Bell system. 
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The recording of the three sound tracks was, however, a much more complicated 
process. The original recording was made on eight separate tracks, six being 
individual microphones placed in front of the various sections of the orchestra, 
the seventh a mixture of these six and the eighth a more reverberant sound from 
a distant microphone. These eight tracks were specially mixed together to 
produce the three tracks for the final print. 



Vitasound 


Fig. 21 


Three channel sound system on film 


132. In addition to this stereo technique used in “Fantasia”, some items of the 
programme employed a form of pseudo-stereophony to produce particular effects. 
This pseudo-system which was also used in a number of other films at this period 
was called ‘Vitasound 5 . It merely consisted of a number of loudspeakers in the 
auditorium area to the left and right of the audience which could be connected, 
again on the instructions of a control track, to the two outer loudspeakers behind 
the screen. (Fig. 22). This system, incidentally could be applied to a mono¬ 
phonic sound track, giving the illusion of a greater spread of sound when this was 
desirable to enhance the action. 


133. During the war years, little development took place and it was not until 
the early 1950 5 s when stereoscopic film became popular that an attempt was made 
to produce accompanying stereo sound. During the Festival of Britain, in 1951, 
the Telecinema showed film of this type where the sound was provided by three 
groups of loudspeakers behind the screen and a fourth at the back of the audi¬ 
torium. 


Stereo magnetic tape sound motion picture 
General 

134. During early 1950’s much work was being done in the field of magnetic 
recording and the possibility of better sound quality which this system presented 
made it an ideal one for stereophony in the cinema. 
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135. The first presentations on Cinerama in 1952 used five magnetic sound 
tracks on a separate 35 mm film, running in synchronism with the picture film 
in a similar manner to the earlier Bell experiments. The five loudspeakers were 
suitably disposed behind the screen and the stereo effect was, at its best, very well 
worthwhile. Two other tracks were recorded on the sound film, one which 
operated ‘effects 5 loudspeakers in the auditorium, the other being used as a con¬ 
trol track. 


Mono 


track Control, track 
)Photo electric 
cell 


I 



Varil able gain 
n amplifier 


r 1 —i 

zx 


roi t 


Control 

[amplifier 


Variable 
a m pi i fieri 


gain 


Left Centre Right 

loudspeaker loudspeaker loudspeaker 


Fig. 22 
Vitasound 


136. Shortly after the appearance of Cinerama, in 1953, a number of three 
dimensional stereoscopic films were produced and it was natural to apply the 
stereo sound technique to these. In this case three channels were used, but the 
sound was not infact truly stereo. This was particularly true of the speech, which 
was in fact monophonic in origin, an illusion of movement being obtained by 
panpotting the monophonic signal between the three channels. Music on the 
other hand was more nearly stereo, although since monophonic microphone 
techniques were still used for the most part, even this was often produced by 
spreading a monophonic sound rather than by true stereo methods. 

137. The first commercial presentation of cinema stereophony to be made avail¬ 
able on the major distribution circuits was introduced with the cinemascope pro¬ 
ductions in 1953. The earlier Cinerama produtions had been limited to only a 
few theatres because of the special equipment needed both to project the three 
component parts of the picture and to reproduce the multi-track sound. In 
the case of Cinemascope, it was found possible to accomodate four narrow sound 
tracks on the picture film, thus doing away with the necessity for a separate syn¬ 
chronised film transport mechanism. The equipment in consequence was less 
costly, and it became possible to install it inmore theatres. 
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138. The elements of a three channel magnetic-tape stereo sound motion-picture 
reproducing system are shown in Fig. 23. The output of the three-channel mag¬ 
netic head is fed to three separate voltage amplifies. The volume controls of the 
three channels are gauged so that the same amplification is maintained in the 
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Fig. 23 

Schematic arrangement of three-channel stereo magnetic-tape sound 
motion-picture reproducing system 
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three channels. The equalizers are used to adjust the frequency characteristics 
to those suitable for the best reproduction in the theatre. The output of power 
amplifiers feeds the three sets of loudspeakers, which are located behind the screen. 

The Cinemascope system 

139. The 20th Century-Fox Cinema Scope system uses, in so far as its sound 
medium is concerned, a three-channel main stereo system plus a fourth channel 
carrying special effects to be reproduced on loudspeakers in the auditorium area. 
The sound tracks, as mentioned above, are accomodated on four magnetic strips 
applied to the picture film, two on either side of each row of sprocket holes. The 
effects track, track four, is only half the width of the three main tracks, and, in 
consequence, will have a poorer signal to noise ratio. T his track is only used 
intermittantly, and carries a switching tone at 12 kilo-cycles per sec. whose func¬ 
tion is to turn on and off the appropriate reproducing equipment. Thus the 
loudspeakers are prevented from reproducing interfering background noises when 
they are not required for effects. (Fig. 24). 


SOUHO HEAD 
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Fig. 24 

Cinemascope system 

140. The sound tracks are recorded in such a manner that the sound is 28 picture 
frames behind the picture in the gate. This is in contrast to the optical sound 
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system, where the sound is recorded in advance of the picture. In contrast to the 
optical sound head, which is after the picture gate, the magnetic sound head 
assembly is mounted as a separate unit between the picture projector and the upper 
film magazine, and the smoothing of the intermittent motion of the film trans¬ 
port system is accomplished by means of heavy fly-wheels and jockey pulleys. The 
fly-wheels are driven by the film itself, the drive to the film coming from the top 
sprocket in the picture projector. Wow and flutter can be reduced to an accept¬ 
able value by means of this system. Typical figures are 0.03% low frequency 
flutter and total RMS value within 0.15%, the generally accepted standard for 
cinema equipment. 

141. The CinemaScope release print, with its striped magnetic sound tracks, is 
capable of a high standaid of reproduction. Unfortunately, in order to show 
such a film, a cinema must obviously be equipped with the appropriate repo- 
ducing apparatus. This may mean a costly conversion for the projectors as well 
as the additional loudspeakers required for the stage. The Cinema Scope print 
with magnetic sound track cannot be reproduced on projectors having only an 
optical sound system. The film is not compatible. 

‘Perspec/a sound system 

142. In an attempt to make a film sound system which would give normal mono¬ 
phonic operation in a theatre equipped sold) for single track optical sound re¬ 
production, and from the same print give an impression of stereophony in a thea¬ 
tre with additional equipment, the Perspecta Sound system was devised. 
(Fig. 25). 



Fig. 25 

Perspecta sound 

143. In this system one sound track only is recorded on the film with the normal 
optical technique. In addition to the sound for the film, controlling signals at 
very low frequencies are recorded, the purpose of these being to control the in¬ 
dividual gains of the channel amplifiers in the three channel theatre system. The 
control signals are at 30, 35 and 40 cycles per sec. the 30 cycles per sec. tone con¬ 
trolling the left speaker, the 35 cycles per sec. the centre and the 40 cycles per sec. 
the right hand speaker. The amplitude of these tones controls the level at which 
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the loudspeakers reproduce. Hence, depending upon which of the three tones 
are present, one, two or three loudspeakers will be in operation, all of them re¬ 
producing the same single track sound. 

144. In this way it is possible for a sound to appear to move across the screen as 
the three channels are varied in sequence, or to produce a 'spread* effect when 
they are all present at once. Filtering prevents the control tones being heard in 
the theatre. Although this system is capable of producing a compatible release 
print, the electrical adjustment of the system is somewhat critical if perfect repro¬ 
duction is to be obtained. This may be why few films have been made using the 
system and hence why few cinemas have been equipped to reproduce it. 

Stereophonic reproduction in a car 

General 

145. Uptill recently, the technique of tape recording was not refined enough 
for good fidelity with 8 tracks narrow enough to go side by side on the quarter- 
inch tape. And duplication of the tapes would have been extremely difficult. 
But the art has been moving ahead fast. Low-noise tapes, excellent, low-cost 
playing heads, and other recent developments now give tape a dazzling potential 
for higher fidelity in very compact forms. This potential is one of the aspects 
that makes one of the latest developments in stereo reproduction—the car car¬ 
tridge system, so exciting. 

Stereo tape cartidge system 

146. This system has been developed early this year for listening stereo music 
in a car. It has a reel of tape in a small, flat, plastic box, known the 'Cartidge’, 
of size 5| in. X 4 in. x 7/8 in. It has the speed of 3J inches per second and has 
8 tracks having 4 complete stereo programme on each reel. Its playing time is 
80 min. 

147. The player is a small one and fits in the car very easily. It is rugged and 
reasonably simple in construction, with solid state electronics that should last 
virtually for ever : there are no tubes to replace. It is understood that, based 
on this development, a number of firms arc trying to get home-style 8 track players 
developed and marketed soon. 

148. Another reason for the way this system has zoomed in is one that most old 
hands in the recording industry did not anticipate. It is simply that people love 
the way stereo music sounds in a car. Stereo in the living room is a splendid 
thing, at its best creating a powerful sense of 'concert hall space’ around the music. 
Stereo in a car creates a ‘space’ that is not so much like that of live music but is 
often very exciting on its own terms. 

149. With the development of 8 track tape, it does not seem inevitable that 
stereo disc will die out soon. It is considered that 8 track tape and the stereo 
disc will undoubtedly co-exist for a long time. Over a long period, however, 
and by an orderly change over process, the 8-track cartridge system just might 
dethrone the disc, taking over the top spot in the living room that the disc has 
occupied since the turn of the century. 
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Conclusion 

150. As the name implies, the object of stereo reproduction of sound is to re¬ 
produce sound in the “solid”, with both depth and width, and with every part 
of the source sounding in its correct position in relation to the whole. The first 
patent for stereophony was granted in 1881, and stereophonic tapes and discs 
were produced in the 1930’s; but it is only comparatively recently that the art 
reached its present high standard which is satisfying to the most discriminating. 

151. The purpose of stereo sound is to present a true sense of the relative posi¬ 
tions of the sounds being produced. Although a person hears a sound with both 
ears, the sound heard by each ear is slightly different. The brain utilizes this 
difference to determine, among other things, the direction of the sound. It is 
this feature of hearing that gives a sound depth as well as direction. 

152. A short theoretical discussion on the theories of directional hearing and the 
creation of stereo effects has been given in the text for fully appreciating some of 
the technicalities which follow. 

153. The advent of stereo stimulated quite a spate of ideas of pseudo-stereo : 
some means of ‘deriving’ stereo from earlier monophonic programme material. 
The success of any pseudo-stereo system must of necessity be measured against 
what its intention is. There are two main approaches. One merely seeks to 
give a sense of space by adding artificial reverberation. The other seeks to spread 
the apparent sound source by an adaptation of two or more speakars on the basic 
monophonic programme source. 

154. In considering the potentialities of different systems of stereo reproduction 
and also examining the performance and the degree of realism they reproduce, 
we should keep in mind both the critical and the tolerant aspects of the human 
hearing faculty. 

155. For the home user economy is an important factor. The system has to be 
made at a cost that a reasonable number of people can afford to buy, or it is not 
a commercial proposition. Closely associated with economy is compatibility. 
The system should be simple to use and should be able to present the fullest possi¬ 
ble dynamic range in recorded material. 

156. The exact requirements of loudspeaker placement, relative frequency res¬ 
ponse and relative power hatidling capabilities of the loudspeaker systems to be 
used are matters on which even the most respected authorities differ. This is 
probably because the placement of microphones at the source, the relative size 
of the source and the nature of sounds involved differ widely in the different pro¬ 
grammes to be reproduced. One set of conditions cannot be optimum for all. 
Whatever the kind of programme material, the loudspeakers must be well-inte¬ 
grated, so that each loudspeaker gives a good impression of its source point, and 
does not itself sound like a spread-out source. 

157. Different mediums that can be used to present the programme material 
over the stereo systems, as the home user sees them are disc, tape and radio. Each 
of these mediums has been discussed in the text. Stereo radio has still not reached 
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our country yet. With both tape and disc, the question of the ultimate in dyna¬ 
mic range seems to be a combination of two factors, namely, how much care and 
attention is given to the development of the system and better materials; and 
how much we are prepared to sacrifice, quantity—and price-wise, in achieving 
an increased dynamic range. 

158. Stereo sound reproduction for large places like movie theatres and audi¬ 
toriums have some peculiar problems of its own in addition to those found under 
domestic conditions. At present there are a number of wide-screen techniques 
employed in the movie presentations together with the corresponding sound pre¬ 
sentations. Most of these have been described in the text. 

159. The exhibitor’s problems with multi-track presentation are very consider¬ 
able. The movie projectors installed in the average theatre have the sound heads 
located in the correct position for standard optical track. To present stereo 
optical, which has additional sound tracks located somewhere else on the film, 
requires the addition of extra sound heads in the projector. This means the 
installation of a new section of the projector, thereby meaning additional expenses. 
The advent of magnetic tape-recording has made possible the application of the 
magnetic oxide to the actual movie film. 

160. The various systems so far developed represent a tremendous advance in 
the stereo reproduction of sound and it is anticipated to show further improve¬ 
ments in the near future. This statement is fully justified by the latest techni¬ 
ques and equipments used in the modern stereo reproduction. Items like the 
development of stereo ‘tape cartridge system’ have not only brought stereo music 
on the open roads, but also may well revolutionarize the construction, system 
and equipment of future stereo reproduction of sound. 

161. Lastly, it must be emphasized that stereo reproduction is a part of high 
fidelity, not an ‘additional feature’. Rather it can be said that stereo reproduc¬ 
tion is a “fine point” in high fidelity. 
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Summary 

This paper describes a meter to read difference in phase between two 
electrical quantities which vary over wide range of frequencies, particularly 
low frequencies as encountered in servomechanisms . The meter is quite 
accurate, can pick up singnals as low as 0.1 volt and its working is inde¬ 
pendent of the input waveforms. 

1. Introduction 

Phase meters have been constructed both for audio and radio frequencies 
utilizing several principles, namely, 

(a) Phase conscious rectifier systems as phase discriminators, 1 

(i b ) By neutralizing the phase introduced by the unknown network by means 
of a known network of variable phase, 2 ’ 3 ’ 4 - 

(r) Digital counting principle, 5 

(d) Zero intercept phase comparison methods, 6 - 7 and 

(e) Overlap phase meter. H 

Many of these methods have some drawbacks in the sense that some are 
very frequency sensitive, some respond erroneously when harmonic content in 
the test signal is considerable and some are not direct reading while others are 
quite complicated. 

A circuit based on principle (d) previously worked on by Kratzman" and 
Yu 7 for audio and ultrasonic frequencies can be simplified and, by means of direct 
coupling, use very low frequencies; but due to some difficulties to be indicated 
later, a different method was adopted. 

2• Principle 

A reference and a test signal of the same frequency are fed into two channels 
of electronic circuits as in Fig. 1. The amplified waveform, each one of them, is 
fed into an amplifier-comparator circuit which converts it to a square wave. The 
square waves feed into the grids of a summing amplifier and they produce current 
in the common plate resistance of this amplifier. Therefore, a voltage develops 

•"Written discussion on this paper will be received until September 30,1966. 

This paper was received on December 29, 1966, 
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in this resistance which is the algebraic sum of the square waves. Fig. 2 explains 
the operation involved. The duration of current flow in the above resistance is 
dirctly proportional to the phase angle. 



Fig. 1 


Block diagram illustrating overlap phase meter 


X 



Fig. 2 

Output waveform for different 
phase shifts 


3* Different stages 

3.1. Symmetric D.C, amplifier 

The signal needs some amplification if its level is low, also the precision of the 
clipper or comparator circuit which converts the signal to a square wave is im¬ 
proved by a factor A 9 if the comparator is preceded by an amplifier of gain A, 
A paraphase difference-amplifier circuit adopted in the first stage provides 
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symmetric amplification, extreme linearity of operation, stability of quiescent 
D.C. voltage level, freedom from drift and a very’ high input impedance to act as 
a buffer to the signal source. The outputs of both halves of the amplifier are in 
pushpull. To obtain sufficient gain, another stage of D.C. amplification is 
adopted, the overall gain of both amplifiers being 1215. 

3.2. The comparator circuit 

The rectangular pulse producing circuit defines the instant when the wave¬ 
form passes through a critical point by means of the stable and sharp break charac¬ 
teristics of a triode at cut-off. The zero of the wave is selected as the level of 
comparison as the slope is greatest here and the operation is then independent 
of the wave amplitude. Fig. 4 represents the cathode-coupled clipper 9 circuit 
and the associated waveform. The grids are returned to approximately equal 
positive potentials for symmetrical clipping. For smaller inputs, the circuits 
act as a linear amplifier but on the positive half cycle of a large input signal to 
Tj, the cathode potential rises and tube T 2 is cut-off. Once T 2 is cut-off a 
further increase in the input grid potential has no effect on the output. Simi¬ 
larly on the negative half cycle, T x is dri\ en to cut-off because the plate current of 
To holds the cathode potential at a high value and once !T 2 is cut off the signal 
has no effect on the output. 




The clipping level is 5 volt; maximum input voltage to the clipper is 40 

volts or more* 
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3.3. Summing amplifier 

In this, two amplifiers have a common load resistance. The square waves 
which are produced at the zero axis crossing of both the waveforms produce cur¬ 
rent in the common load. The tube operates either in class A or grid limited 
fashion. 


3.4. Voltmeter circuit 

The duration of current flow in the common load resistance as shown in Fig. 
2, is a direct function of phase angle <£, i.e., it is proportional to ( 180°—^ ). The 
pulses of the figure can be rectified by means of a diode and fed into the grids of 
a most elementary balanced triode vacuum tube voltmeter. The reading of the 
meter in the plate circuit is proportional to the phase angle <j>. It should be noted 
that for reading the phase at low angle frequencies, the meter requires special 
damping arrangements. 

4. Calibration of the meter 


The standard calibration network chosen for calibration purposes is a R-C 
network supplied from an oscillator balanced with respect to earth. The network 
along with the associated phasor relationships appear in Fig. 5 (a) and 5 (b). 



Fig. 5 

X 

Here <f >, is the phase angle between F> 0 and Vr, and<£ = 20 where 6 = tan" 1 jp 

Calibration was carried out with a 0.2 microfarad (polyester capacitor) 10% and 
a resistance box 10% tolerance. In the low frequency region, the meter reading 
was found to be substantially constant for a given phase angle irrespective of 
frequency. A curve of phase angle vs. meter reading is shown in Fig. 6. 

5* Modified meter using a flip flop circuit 

The meter based on the principle of overlap, suffers from a disadvantage, 
the meter reading is proportional to the magnitude of the phase difference or its 
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supplement and is ambiguous to the extent that one cannot distinguish between 
8 and (36O°-0). 

To oviate this difficulty, the circuit diagram to the right of the amplifier- 
comparator circuit is modified and appears as in Fig. 7(a). 



Fig. 6 

Overlap principle 

The output of the comparator is fed into a differentiating network which 
produce 5 pulses when the input wave crosses zero axis. The pulse train is ampli¬ 
fied and fed into the grid of another amplifier which is biased to cut-off, so that 
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at its output a spike of negative pulse appear. The negative pulse from each 
channel are fed into each of the grids of a flip flop circuit. Each reference pulse 
triggers the flip-flop into ‘on’ for a time interval 7", until the similar pulse from the 
other channel arrives and triggers the tube to ‘off 5 for a period T 2 and so on. The 
angle by which the reference signal leads the test signal is directly proportional to 




Y 1 ^ r T 2 an< ^ ^ ence t0 ^e avera g e current through the reference side of the trigger 


T 

circuit. Likewise the test signal leads the reference by , f r anc * so l ea( l 

1 i ~r * 2 

is proportional to the mean D.C. through the test signal side of themultivibrator 
circuit. 


5.1. Differentiator amplifier 

The grid of this amplifier is kept at zero bias so that the positive half cycle of 
the input square wave is grid-limited and only the negative half is amplified 
producing a positive going square wave at its output, the load Rl is kept 
deliberately very high compared to the plate resistance r p so that it reacts sharply 
to positive going edges, producing large negative pulses of small duration of 
1.5 microsec. at the R-C differentiator output. 

5.2. Direct coupled flip flop 10 

It is a bi-stable trigger, and has been designed to ensure stability and speed 
of transition between stable states so that all transients die down in between the 
switching pulses. The design has taken into account the maintenance of stability 
when the components vary by ± 10%. 

The modified circuit diagram is shown in Fig. 8. 

Using the previous calibration network, the meter is calibrated and the phase 
angle vs. the meter reading is plotted in Fig. 9 and is seen to be linear. 


6. Conclusions 

Two types of phase meters constructed and tested have been described. The 
overlap type calls for a simplified circuit compared with the complicacy and 
instability associated with the bi- stable multivibrator in the second method, as 
the bi- stable circuit showed triggering difficulty at low frequencies. The over¬ 
lap meter was observed operating quite stisfactorily, from 3 cycles per sec. to 1000 
cycles per sec. Below 3 cycles per sec. the meter damping was insufficient. Special 
damping can be provided cither across the meter or at the grid of the balanced 
triode V.T.V.M. circuit in the form of a large capacitance. 

The overlap meter reading is proportional to the magnitude of the phase 
difference or its supplement and is ambiguous to the extent that one cannot dis¬ 
tinguish between 6 and 36O°-0. It can be overcome in the flip flop method 
in which the phase lead between X and Y or Y and X can be accurately deter¬ 
mined from 0° to 360° by reading the current through both the sides of the flip- 
flap cathodes. 
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Fig. 9 

Flip flop method 
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Summary 

The choice of phosphor for a picture tube screen is dictated by several 
considerations. But even if the decay characteristic were the only consi¬ 
deration, it can be shown that the full visual capacities of the eye cannot be 
satisfied. These limitations arise because of the contrast range allowed 
by the phosphor and the differential flicker due to its decay . The optimi¬ 
zation conditions have been derived and it is shown that silicates and tun¬ 
gstates would be better for television use compared to sulphides. 

1. Introduction 

Several properties of phosphor are to be considered while selecting a phos¬ 
phor for a picture tube screen. These properties are listed below: 1 

1. Ease of applying phosphors to form screens of picture tube, 

2. Ease of outgassing phosphors, 

3. Secondary emission of phosphors, 

4. Stability of phosphors against the effects of electron bombardment and 

associated thermal effects, contamination, exposure to moisture, light, 
air, tube processing (exhaust and baking) and high operating tem¬ 
perature, 

5. Heat and infrared effects, 

6. Emission spectra of phosphors, 

7. Brilliance and efficiency of phosphors, and 

8. Decay characteristics. 

Obviously, as several other factors are to be considered while choosing the 
phosphor, the limitations set by the decay properties cannot altogether be avoided. 
But the point that needs appreciation is that, even if the decay characteristics 
were the only consideration some limitations have to be tolerated. 

♦Written discussion on this paper will be received until September 30,1967. 

This paper was received on July 19, 1966. 
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The elementary types of phosphor decay curves can be represented by one 
of the following equations : 

B=B 0 e->‘ (1) 

B “IT& (2 > 

where B 0 is the luminance at time t = 0, and k 9 b, < are constants. Equation (1) 
holds true for monomolecular process, typical of silicates and possibly tungstates. 
Equation (2) holds true for bi- or poly-molecular process, typical of sulphides. 

The intensity of phosporescence is in both the cases proportional to the 
number of active centres, n. Thus, 

B < n (3) 

But the rate of decay of active centres in monomolecular case is proportional to 
the number of active centres at any instant. Thus, 


' In n = k t + In c 

where c is an integration constant. Hence, 

n = Ce~ kt 


or using equation (3), 


B = B 0 e~ kt 


Thus k is the decay constant of a monomolecular process. 

In poly-molecular process 

dn h L 1 

S * “ a n ; h > 1 (7) 

where a and h are constants. Therefore, 

n 1 mh = — a (1 - h) t + g (8) 

where g is integration constant related to initial value of n, and can be put 
in the form 

g = — a (1 — h) d (9) 


so that 


[a (A — !) J 


(* + 0 ; 


or using equation (9) 


1 1 

_A-1 ,A-l 


(b + 0* 
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Thus with ^ j and using equation (3) this can be put in the form of 

equation (2). Thus < is a constant related to the order of decay in a poly¬ 
molecular process and b is a constant related to the order of decay as well as to the 
integration constant g . The purpose served by the constant b in equation (2) is 
to avoid singularity at t = 0 and to restore the value of B at l 0 to B 0 . 

However, neither equation (1) nor equation (2) can give any decay curve 
over its entire range. 

2. Contrast limitations 

Let p (B q ) be the probability that at a particular point and at a particular 
time designated as / = 0, the luminance B 0 appears. Then the actual lumi¬ 
nance at that point can be considered to be 


P (*„) dB. 


B n 


P W dB, 


This will decay according to equation (1) or equation (2). The decay con¬ 
tinues for a time T after which another signal appears. T is then the frame 
period. At the end of time T the luminance would have decayed to a level B j. 

Another signal appearing at this moment would produce some effect only 
if its luminance level is greater than Bt, otherwise, it would not be reproduced 
and the effect would be as if the luminance level of the signal appearing is Br. 
Thus the phosphor decay allows the maximum-contrast range of 

r — max. 


One minor effect of incomplete phosphor decay is neglected here. If a 
signal appears before the effect of previous signal is completely decayed, the lumi¬ 
nance reproduced is slightly more than what would be reproduced if the second 
signal appears after the effect of previous signal is completely decayed. But 
this difference can be treated as a small distortion term and neglected. 

Now the statistical area properties of a television scene are such that the 
first order luminance distributions tend to be uniform. 2 E. R. Kretzmer’s find¬ 
ings 8 indicate that the amplitude probability distribution of a television signal! 
is nearly uniform. There is a tendency for black elements to predominate over 
white ones, but this trend is very slight. A. J. Seyler 4 assumes that a measure¬ 
ment of a large number of typical television pictures would yield a uniform com¬ 
posite first order amplitude distribution. Therefore, we get 

p (J3 0 ) = Constant (14J 
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Then, from equation (12) 

B„ ~ ^ (B 0 m ax. i " Bq min.) 


(15) 


or 


B, 


0 max. 

B 0 


2C„ 

+ 1 


(16) 


where C„ is the natural contrast range not limited by the phosphor decay, and is 
given by 


C,„ 


Bn max . 
B 0 min. 


(17) 


Using equations (13) and (16), we get 

2C n B 0 
* G, + 1 ' Bt 


(18) 


The phosphor would not limit the contrast range if 


C P > C„ 

B 0 C„± 1 

Bi > 2 


(19) 

( 20 ) 


The above discussion is expressed graphically in Fig. 1. 



Fig. 1 


Graphi ca l explanation of contrast limitations due to phosphor decay. The thick 
line indicates the phosphor decay curve, the decay starting with B 0 the average initial 
scene luminanc e, and decaying upto l umin a n ce level By in frame period jT. JB 0 max, and 
J 3 0 min are the wa^mnm and minimum Initial lu m i n a n ce levels in a scene. If By > 
B 9 mm phosphor decay limits the contrast range, otherwise it does not. 
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It can be easily seen that equation (20) does not depend on the form of decay, 
i.e. } is valid for all forms of phosphor decay. This equation brings out clearly the 
fact that the higher the contrast range C that the kinescope should occupy, the 
more complete should be the phosphor decay in the frame period. Incidentally, 
the faithful reproduction on the receiver screen of fast moving images also de¬ 
mands the same thing. 


3. Differential flicker considerations 


There is yet another aspect of phosphor decay that is to be considered. Con¬ 
sider two luminance levels B x and B t in vicinity of each other that decay accor¬ 
ding to equation (1) or equation (2). Their difference A B will also decay simi¬ 
larly. Now defining 5 the differential flicker as the ratio of the r.m.s. value of 
the A.C. component of A B to its average value, both the average and r.m.s. 
values being computed over the frame period T, it can be shown that the differ¬ 
ential flickeer is given for the exponential decay as 5 

U = [\ r coih * 2 T - l] 1 (21) 


and for the hyperbolic decay as 


jdh == 


(i -<)» 




2 * 


- 1 




( 22 ) 


The differential flicker jdh is quite a complex function of two parameters < 
T 

and ~, It can be easily anticipated that as the differential flicker increases the 

needed differential luminance threshold for sure luminance discrimination also 
increases. 


As the differential luminance threshold is a monotonously increasing func¬ 
tion of differential flicker, it is legitimate to assume that the number of grey shades 
that can be discerned in a given contrast range would be a monotonously decre¬ 
asing function of differential flicker. Therefore it ca be written that 

JV - JV 0 d(fd) 

where jV is the number of grey shades that can be discerned in a given contrast 
range when differentia flicker and other factors are taken into account, N 0 is the 
number of grey shades that can be discerned in a given contrastrange in at 
flicker-free situation and Q, is a monotonously decreasing function of its argumen 
More about JY 0 would be said soon. 

4. Partial optimization of decay characteristics 

The decay characteristics would be called optimum when the largest 
number of gray shades can be depicted. To derive the optimum conditions the 
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combined effect of contrast limitations and differential flicker is to be taken into 
account. It is shown in the Appendix that 

6 

JV 0 (M*C) = 437 x I0 -3 \ i(B + B 0 ) + 22.25 (B* + B*) 

B/C 

+ 2.88 x 10-» ( B* + BJ) ]-I dB (24) 

where N 0 is the maximum number of gray shades that can be discerned by the 
light-adapted human eye with the adaptation level B 0 in a scene with limited 
contrast C and maximum luminance & Thus it is seen that as the limited con¬ 
trast range increases the number of gray shades that can be discerned also in¬ 
creases. 

This equation can now be used to get the optimum conditions. 

Equation (18) can be written as 


n _ n . _r.?L 

y.4p — \^p m ax. » ^ | | 

(25) 

where 


r _?A 

max. 

(26) 

•Therefore, for exponential decay 


<7* =2 e* 7 

max. c 

(27) 

and, for hyperbolic decay 


Cp max. =2 (l + 

(28) 


Using equations (27) and (21), C p max . and fd can be calculated as functions 
of kT. Using equations (28) and (22) Cp max and fd can be calculated as fun- 
T 

ctions of jr with < as a parameter. A value < -= 2 is used for calculations, 
because usually 

0.8 < * < 3 (29) 

and, hence < =-= 2 forms a middle value. Results of calculations are shown in 
Fig. 2. 

r. 

From Fig. 2 it is seen that as kT and g- increase, Cp and fd also increase. The 

effect of increase in Cp is, naturally, to allow the larger number of gray shades on 
the kinescope screen, but simultaneously the effect of increasing differential flicker 
is to increase the needed differential luminance threshold for sure luminance dis- 

T 

crimination. These two effects of increase in AT and thus go counter to each 
other as far as the maximum number of allowed gray shades is of concern. 
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kT or 

Fig. 2 

I « Cp max. >• * function of for hyperbolic phosphor with « = 2, where Cp 

is phos p hor limited contrast, T is the frame period and b are constants in the decay 
equation of a h y per b olic phosphor. 

H t Differential flicker fd as a function of j for hyperboUc phosphor with < = 2. 

III s Differential flicker fd as a function of kT for exponential phosphor who* 
A is a decay constant of expon en tial phosphor. 

IV t Cp max. as a function of kT for exponential phosphor. 
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For C p < C„ , using equation (23), we get 

JV (*, B 0 , C n and kT or ~ and « ) - JV 0 (8, B 0 , C P ) Q_ (f d ) (30) 

Using equation (30), some sample calculations were done to calculate JV as 

T 

a function of k Tor < and g- . The form of Q,(fd ) assumed was 

Q.(fj) = TTJfd ( 31 ) 

and some reasonable values of q were assumed. It was found that JVgoes through 

T T 

a maximum for very high values of k T or g-. These values of A; Tor g- for which 

N is maximum are such that C p ~ 1000. But in actual natural scenes, eye 
makes use of the contrasts of the order of C n 100—200 only . 6 Thus, it may be 
said that for C p < C n , JV continuously increases. 

For C n < C p , equation (23) can be written as 

JV (8, B» Cn and kT or ~ and <) - JV„ (8, B a , C„) Q,(fj) (32) 

It is immediately obvious that as the term jV 0 is constant, whereas the # tcrm 
T 

Q{fd) decreases as KT and g- increase, JV continuously decreases for C p > C n . 

> Thus, it is seen that JV goes through a maximum for 

C p - C n (33) 

Thus, equation (33) gives an optimum phosphor decay condition. 

For exponential phosphor, it becomes 

Cn+\ 

2 (34) 

and for hyperbolic phosphor it becomes 

C n + 1 

: 2 ‘ ( 35 ) 




• - ?r 


From equation (23) it can be seen that the phosphor decay reduces the gray 
scale capacity of an eye by a factor of Q (fd)- For C n ~ 200, this reduction factor 

under optimum conditions is jjf IjT J"[g" j) ^ or exponential phosphor and 

(1 + 1 642 q) ^ or h yP erbolic phosphor with < = 2, if Q, is assumed to be of the 

form given by equation (31). Thus even under optimum conditions phosphor 
decay does not allow full use of the gray scale capacity of human eye. Usually 
the optimum conditions would not be satisfied and this deviation from optimum 
conditions further limits the gray scale capacity of a television system. 

5. Complete optimization of decay characteristics 

The optimum condition given by equation (34) specifies optimum exponen¬ 
tial decay uniquely. But the optimum condition given by equation (35) simply 
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specifies a relationship between < and ^-for the hyperbolic decay. This relation¬ 
ship has been plotted in Fig. 3 for C n = 199 and C« = 19. To complete optimiza- 

T 

tion, flicker should be calculated for everyc ombination of < and given by 

equation (35). 'Then that combination for which flicker is least can be taken to 
identify optimum hyperbolic decay uniquely. The calculations were done for 
C n = 199. The result is indicated in Fig. 4. The nature of this curve does not 
depend on C„ although the absolute values of flicker do. Optimum hyperbolic 
decay is at once obvious from Fig. 4. 



Differential flicker fd for hyperbolic phosphor as a function of < assuming that 


partial optimization relationship is satisfied for natural flicker-free contrast, C n = 199* 
Here < and b are constants in the decay equation for hyperbolic phosphor and T is a 
frame period. 

It can further be seen that flicker given by optimum exponential decay is 
always less than that given by hyperbolic decay. Thus exponential decay is 
superior to hyperbolic one as far as optimization of gray scale capacity of a tele¬ 
vision system is concerned. 
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6. Conclusion 


It can be seen that exact form of function Q, in equation (23) need not be 
known. Only thing that is necessary for the validity of the agrument is that 
number of discernible gray shades decreases as the differential flicker increases 
and that decrease in number of discernible gray shades due to increase in differen¬ 
tial flicker is more than outbalanced by the increase in number of discernible gray 
shades due to increase in C p for C p < (7*. Also, it can be seen that contrast and 
differential flicker considerations can always lead to complete optimization. It 
is also seen that optimum exponential decay allows the maximum gray scales capa¬ 
city. This means that silicates and tungstates would be better for television use 
compared to sulphides. For those types of phosphor decay which cannot be re¬ 
presented either by equation ( 1 ) or by equation (2), it easily follows that attempt 
should first be made to satisfy condition (33;, i.c., to have 


B () C„ -( 
Bi 2 


(36) 


and then out of the phosphors that satisfy this condition a particular one which 
yields minimum differential flicker should be chosen. 
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Appendix 

If the two areas are simultaneously viewed by the eye, one with luminance 
B and the other with luminance B + A 5, there exists a minimum value of A B y 
necessary for the eye to be able to recognize the two luminances as distinct ones. 
Rather than studying aB as a function of luminance B , the fraction (a B) is 
generally studied. This fraction depends on number of factors such as the lu¬ 
minance J9, the adaptation luminance level, 2? 0 , of the eye, the area, A, under 
view, the time, T, for which the scene is viewed. It has been shown that 7 


(f) r K +!)+/'•(' +§Q+ +%)Y 


(37) 

where K is constant in the range 3-5, / is the number of photons that enter the 
eye per unit area per unit time per unit luminance. £ 0 is the refractory period of 
the nervous transmission channels, and A / () is the random fluctuation in / 0 and 
subscript L is used to denote light adaptation. 


If B 0 is equated to zero in equation (37),the fractionfor dark-adapted 

/A B\ % 

eye results, subscript d denoting dark-adaptation. (- - ) has been studied experi- 

mentally by S. Hecht. 8 It has also been shown that 7 using only the data for dark- 
adapted eye it is possible to evaluate K (fAT)-\ ft 0 and (a t 0 ) 2 t 0 f 3 . 

Using S. Hecht’s data following values were obtained. 7 

K(fAT)-i = 4.37 x 10- 8 

ft 0 = 22.25 millilamberts' 1 
( At 0 ) 2 tgf 3 = 2.88 x 10‘ 6 millilamberts" 3 

Substituting these values in equation (37) 

(A B)i — 4.37 x 10- 3 [ (B + J3 0 ) + 22.25 (B 2 + B 0 2 ) 

+ 2.88 x 10-* ( B 4 + B*) ]| 

Now the number of gray shades JV 0 that can be discerned by the light adap¬ 
ted human eye with the adaptation level B 0 and restricted to luminance levels in 
the range B t — B 2 is 

*• - S (i- iB m 

B 1 

If B is the maximum scene luminance and C is the contrast accommodated, 

& 

B 2 = 6 and B x = g 

Combining equations (41) and (42) we get equation (24). 


(38) 

(39) 

(40) 


(41) 



U.D.C. 621.372.54 


ON NONEQUI-RIPPLE APPROXIMATION* 

S. N. Rao 

Non-member 

Department of Mechanical Engineering, Indian Institute of Science, Bangalor? 


Summary 

Equal-ripple or Chebyshev approximation for the ideal low-pass filter 
characteristic is well known. This paper suggests a magnitude function 
which gives a nonequi-ripple approximation and considerably reduces the 
ripple in the passband with only a slight increase in the 3-db bandwidth. 
The proposed magnitude responses are drawn for the third, fourth and 
fifth order approximations and compared with the respective Chebyshev 
approximations. 


The magnitude of a function which approximates the ideal low-pass filter 
characteristic is given 1 by 


O tl ( jw) 


__1_ 

y/ l"+ J&(W) 


( 1 ) 


where c is a small real number, w is the normalised frequency and C n ( w) is the 
Chebyshev polynomial of order n. The value of e is determined from the toler¬ 
able ripple in the passband and the value of n is determined from the rate of cut-off 
(i.e., the slope of the function at high frequencies) required in the stopband. 


Consider the magnitude function defined by 


F nk (JW) 


1 _ 

s / ‘ iT/tow 


( 2 ) 


where k = 1,2,3,. (n'2), as an approximating function for the low-pass filter 

characteristic. Comparing the magnitude function given in equation (1) with 
that given in equation (2), it can be seen that the approximation obtained by 
using equation (2) has considerably reduced ripple inside the passband since 

| w k Cn-k (w) | < 1 for | w | <1 
whereas | C n (w) | <; 1 for | w | <1. 

Note that the slope of the magnitude function given in equation (2) at high 
frequencies in the stopband is same as that of equation (1). While the maximum 
deviation from the ideal characteristic occurs at a number of frequencies (depen¬ 
ding on the value of n) inside the passband by using equation (1), it occurs only 
at w = 1 by using equation (2). The magnitude of the function given in equation 
(2) at w = 0 is unity for all orders whereas that of the function given in equation 
(1) is unity only for odd orders. 

♦Written discussion on this paper will be received until September 30,1967. 

This paper was received on August 26,1966 . 
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Fig. 1 

Plots of w C 2 («/), C, («;), w C 8 (w), C A ( w ), w C 4 (w) and C 4 (iv) 

The following discussion is confined to the case where k = 1. Since the 
case n = 2 is trivial in the sense that equation (2) reduces to equation (1), it is 
further assumed that n is greater than 2. 

The plots of w C 2 (w), C 2 (w), w C z (w) r C A (w), w C 4 (w) and C h {w) against 
the frequency w are shown in Fig. 1. Comparing the plots of w C 2 {w ), w C 9 (w} 
and w Ci(w) with those of C 8 (u/), Cf(w) and C & (w) respectively, it is obvious 
that the ripple can be reduced inside the passband by replacing C 2 (w) by w C 2 {w)y 
C € (w) by w C 9 (w) and C 5 (w) by w C A (w) in equation (1), The fesult of this 
replacement in its general form gives equatjqn (2). 




RAO : ON NONEQU1-RIPPLE APPROXIMATION 1Q3 

Table 1 


tv 

G, (ju>) 

^ai O) 

G 4 (jw) 


c i(» 

Ow ) 

0.000 

1.000 

1.000 

0.895 

1.000 

1.000 

1.000 

0.212 



i 

i 

| 


0.917 

0.998 

(local min.) 

0.250 

0.946 

0.995 

j 0.9665 

0.990 

0.910 

0.9985 

0.308 


| 



0.895 

(local min.) 

0.999 

0.3828 



1.000 

0.9848 

0.916 

1.000 

0.408 

0.9025 

0.991 

(local min.) 





0.500 

0.588 

0.895 

(local min.) 

0.992 

0.970 

0.970 

0.970 

0.9925 

i 

0.9IG1 

0.9625 
(lot al min.) 

1.000 ! 

| 

0.965 

| 

0.6124 


0.7071 

0.9425 

1.000 

0.895 

(local min.) 

0.970 



0.745 





0.914 

0.94 

(local min.) 

0.810 


1 



0.895 

(local min.) 

0.955 

0.8GG 

1.000 

0.978 

0.970 

1.000 



0.924 



1.000 

0.9848 

0.985 

1.000 

0.950 





1.000 

0.990 

1.000 

0.895 

0.895 

0.895 

0.895 

0.895 

0:895 

1.250 



0.2416 

0.3665 

0.124 

0.196 

1.500 

0.217 

0.356 

0.085 

0.1466 



2.000 

0.0767 

0.1415 

0.0206 

0.0386 

0.0055 

0.0103 


It can be easily seen that the polynomials w C nml (w) or in general ut C n -k(w) 
do not exhibit equal-ripple behavior. A little thought comparing equations (1) 
and (2) will convince anyone of the fact that the ripple (distance from the maxi¬ 
mum of unity to adjacent minimum on the right) in the plot of equation (2) grows 
progressively (from cycle to cycle) as frequency approaches unity, but this ripple 
is always less than that given by equation (1). Thus the approximation obtained 
by using equation (2) is not equal-ripple. 

Table 1 compares the magnitude functions given in equations (1) and (2) 
for « = 3, 4 and 5, k = 1 and c* =» 0.25 (which approximately corresponds to 
one db ripple in the Chebyshev approximation). The amplitude responses given 
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Plots of equations (I) and (2) for n = 3 and €* = 0*25 


in equations (1) and (2) for n = 3, k = 1, c 2 = 0.25 are shown in Fig. 2 (plotted 
from Table 1) by curves A and B respectively and the corresponding responses 
for n = 4 and 5, k = 1, c 2 = 0.25 are shown in Figs. 3 and 4. It can be seen from 
Fig. 2, 3 and 4 that the ripple inside the passband of the curve B is considerably 
less than that of the curve A and the 3-db bandwidths of the curves A and B differ 
very little. This reduction in ripple in the amplitude response shortens 2 the sett¬ 
ling time because the ripples in the amplitude response usually give rise to pro¬ 
longed ringing in the step response. 





Plot# of Equations (I) and (2) for n = 4 and €* = 0.25 


The slopes of the different approximating functions at w = 1 are compared 
in Table 2. The table shows that the magnitude of the slope of the proposed 
approximating function at w = 1 is larger than that, of the Butterworth approxi¬ 
mation (except for third order case) and smaller than that of the Chebyshev 
approximation of the same order. It may be noted that the magnitude of the 
slope of the third order proposed approximating function at w = 1 can be in¬ 
creased at the expense of a little more ripple in the passband by increasing the 
value of c 2 . 
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Frequency in radians per sec. “ 
Fig. 4 

Plots of equations (1) and (2) for n *= 5 and e* ” 0.25 


Table 2 

Slope at w s=s 1 of 

Butterworth 

approximation 

Chebyshev 
approximation, € 2 == J 

Proposed 

approximation, e 2 = \ 

- 1.06065 

- 1.4142 

- 1.611 
- 2.8625 

- 0.89444 

- 1.78888 

- 1.76775 

- 4.4722 

- 3.042 
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Frequency in radians per sec. 



Fig. 5 

Phase responses of But ter worth, Chebyshev and proposed 
approximations of order three for = 0.25 


The system functions whose amplitude responses are given by curves A in 
Figs. 2, 3 and 4 are respectively: 

p / \ _ 1 

'* u ~ 217+0.3 j"!^'0T25)2T(0J68)2] 

G * ^ ~ 3.58 [ (i + 0.14076)2“+ (09844)* ] [“(•* + 0.3398)2-f (040775)2) 

Gi ® = 8 (j + 0.293)[(f + 0.0905)2+ (0.991)2] [(j + 0237)^(0.6125)^ 
and the system functions whose magnitude responses are given by curves B in 
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Fig. 2, 3 and 4 are respectively 

Fai ^ = (TFo^nifTo^Iw)*' + (T7oi2)2j ’ 

F " ^ = 2[(j + 0 21825) 2 + (0.99856)2]T(/+ 0.5825)* + (03741)*]’ and 

Fbi ^ = 4 (t +0.5249) [(j+0.13125p+ (6.9958) 2 j [(r+0.39325) 2 +(0i5637) 1 

By comparing the pole locations of Fu(*), F ix (s) and F B1 (s) with those 
of G z (s), G 4 (j) and G 4 (s) respectively, it can be concluded 3 that the phase res¬ 
ponses of the functions F zl (s ), F 41 (j) and F 51 (s) will be more linear than those 
of functions G z (s), G A (s) and G 5 (s) respectively. This fact is borne out in Fig. 5 
where the phase angle of F 31 (,r) is compared with those of third order Butter- 
worth and Chebyshev approximations. 

It is well known that the poles of the system function whose magnitude is 
given in equation (1) are all located on an ellipse in the j-plane. No such simple 
closed geometric curve for the location of the poles of the system function whose 
magnitude is given in equation (2) could be obtained. 

Finally, it can be concluded that the magnitude function defined in equation 
(2), while having the same slope at high frequencies in the stopband, consider¬ 
ably reduces the ripple inside the passband compared with the usual equal-ripple 
approximation given in equation (1). It may be noted that a generalization of 
the problem obtained by replacing the weighting function w k in equation (2) by 
a general polynomial in w is worth investigating. 
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CORRIGENDA 


TO VOL. 47, No. 5, PT. ET 2, JANUARY 1967 

Page 66, line 22, instead of ‘results, a continuously recorded inflow discharge 
hydrograph was fed’, please read as ‘results, a continuously recorded inflow dis¬ 
charge hydrograph has to be fed*. 

Page 69, line 10, instead of ‘low current region, the current tu. voltage curve 
of a selenium rectifier is a dropping*, please read as ‘low current region, the cur¬ 
rent vs, voltage curve of a selenium rectifier is a drooping*. 

Page 97, line 19, instead of ‘Shri K.V. Rama Murthy\ please read as ‘Shri 
K.V. Ramana Murthy*. 

Page 97, line 22, instead of ‘lie then joined the Central Water and Power 
Research Station, Poona, as a Reaearch Assistant and worked on Hydraulic 
Model experiments for over two years’, please read as ‘He then joined the Cen¬ 
tral Water and Power Reserch Station, Poona, as a Research Assistant and worked 
on the development of electronic instruments for hydraulic model experiegients 
for over two years’. 



EDITOR’S NOTE 


Emphasising that the right role* of the Institution of Engineers (India» 
remains in the promotion of genuine advancement of Engineering Technology 
and Engineering Science, Majoi General S.P. Volua, the President of the 
Institution, stressed during the 448th Meeting of the Council held in Bombay 
on February 2(>, 1%7, that, as a regular fcatuie, at the time ot every quarterly 
Council Meeting, one o( the Engineering Divisions should hold a symposium 
on a topic which would have special significance and importance considering 
the engineering activities in and around the location of the Meeting. 

Accordingly, a symposium on ‘Roads and National Highways’ was orga¬ 
nized during the 44 f Mh Meeting of the Council held in Srinagar on May 26-28, 
t ( M)7. It hardly needs emphasis that the* road construction and maintenance 
activities launched in the Jammu and Kashmir State has been accorded su¬ 
preme importance m the* present-day efforts of the Nation T h<* proceedings 
of the Symposium has been published in Journal , vol, 48, no. 1, pt. Cl I, 
September 1967. 

I he next one in the series the Symposium on ‘Modern Electronic Com¬ 
munication 1 echniques’, as decided by the Andlva Pradesh Centre of the 
Institution records not only India’s progress in a modem world, but also 
bungs into limelight the* unique role of the City of Hyderabad as the epi-centrc 
of elec ironic activities of the Nation. 

The Symposium, held on August 26, 1%7, concuriently with the 47>()th 
Meeting of the Council in Hyderabad August 26-28, 1967; was well attended 
by electronic engineers. Lively discussions followed the presentation of papers 
by engineer-authors, who came as representative'- of the various organizations 
engaged in modern cletronic communication tec hniques. 

Phis special issue of the Electronics and Telecommunication Engineering 
Division part of the Journal , containing the speeches, papers and discussions 
by eminent engineers and research workers of the country is, therefore, ex¬ 
pected to serve as a launching base for further moves in ‘Modern Electronic 
Communication Techniques’. 





Brig. O* L, Semiaguu (.A t.) (<h umian, 
Svmposiuin oil ‘Modern Lit drome 
Communi* jnon d r r hmqut s* 



N. SrBDA Rao (M.) Member, Symposi¬ 
um on ‘Modern Eiccuonic <jimmuni¬ 
sation Techniques' and llonoiaiy 
Secretary, Andhra Pradesh 
Centre 


SEMINAR ON ‘MODERN ELECTRONIC COMMUNICATION 
TECHNIQUES’, HYDERABAD, AUGUST 26, 1967 


The day-long session of the army and civilian engineer* over die elctronic 
communication techniques is regarded by many eminent engineer-members as 
a unique occasion and is sure to pave the way for many more of such 
symposia to enliven the quarterly Council Meetings. 

Herein below are given a few photogiaphs taken on the da) of the Sympo¬ 
sium at the Andhra Pradesh Centre of the Institution to provide a visual 
depiction of the Proceedings. 


ORGANIZING COMMITTEE OF THE SYMPOSIUM 



L.R. 1. Shri N. Subba Rao, Honorary Secretary, Andhra Pradesh Cfntre 2. Shri O. 
Thimmaiah, Chairman, Andhra Pradesh Centre 3. Ma|or General S.P. Voiira, President 
of the Institution 4. Prof. S.P. Chakravarti, Chairman of the Electronics and Telecommu¬ 
nication Engineering Division of the Institution a. Brig. C.L. Skshauiri, Chairman, 
Organizing Committee 6. Lt.-Gol. S.B. Lal, Member, Organizing Committee 7, Lt.- 
Col, B. Bhasin, Member, Organizing Committee 


PARTICIPANTS IN THE SYMPOSIUM 



Shri C). Tiummaiah (Standing), Chairman, Andhra Pradesh Centre, welcoming the 
audience and President to inaugurate the Symposium. (Sitting) L.R. Major General S.P, 
Vohra, President of the Institution and Prof. S.P. Chakra\ \rii, Chairman of the 
Electronics and Telecommunication Engineering Division of the Institution and Chairing# 
for the morning session 




inauguration of the symposium 


% * : * 



Major Cii \i r\i SI*. \Ohh\ Pui ^idt y i c. i 
/./e. S I1R , O. Thimbu% n, tW* .«i, 

Chairman Klm.on,, s „nd ... „ Vlsl .!“ 

AUDIENCE AT THE SYMPOSIUM IN THE HALL OF 
ANDHRA PRADESH CENTRE 



'titting tn the Jrmt row 

.■tsss, -• »*- -*• 

StZ^tZ .... -*——-p.^.. 




INAUGURAL ADDRESS 

BY 

MAJOR GENERAL S. P. VOHRA (M.), PRESIDENT 

‘Shri Thimmaiah, Prof. Chakravarti and Brother Engineers, 

The primary aim of the Institution of Engineers (India) is to promote the 
genuine advancement of Engineering Technology and Engineering Science 
and their application. 

I feel that one of the ways by which this can be increased is to create the 
right atmosphere at different Centres to hold technical seminars and symposia 
at the time when the Council Meetings take place. It was with this object, we 
decided that in addition to the normal activities of the Council at the time of 
the Council Meeting, we should have these technical seminars or symposia. 

It was the object of this meeting that the engineers and educationists 
should also participate in such symposia and contribute papers and ideas when¬ 
ever discussions take place. 

The first Council Meeting, after I took over as the President of the Insti¬ 
tution, was held at Srinagar. At the time of Srinagar Session, we held a 
Technical Symposium on k Roads and National Highways’. I must say that 
it went off very well. 

While selecting the subject for the symposium here, on electronics, one 
felt that it is one of the important fields in which considerable development has 
to take place, if I may say so, in the next decade or so. Secondly, we have 
the Defence Electronics Research Laboratory, EME School, College of 
Engineering (Osmania University), Electronic Corporation of India, Bharat 
Heavy Electricals and similar electronic establishments located around Hyder¬ 
abad. 

I must congratulate the Organizing Committee that within a short time 
they have printed a very good booklet giving important subjects selected by 
them* I do not, myself, belong to Electronic Wing, but there appears to be 
considerable original work and the papers are of very high standard. 

Similarly, steps have already been taken to hold a Seminar duringthe next 
Council Meeting, which will be held sometime in November this year and the 
venue will most probably be Poona. In this connection, I have already written 
to the Chairman of Poona Centre to hold a technical symposium depending 
on the activities of that area. 

Gentlemen, you would agree with me, that only by having these discus¬ 
sions, we would be able to fulfil the primary role of the Institution and will 
henceforth enhance the prestige and understanding of the Institution. 

The symposium, as you all know, is being held in two Sessions. I am 
afraid, we have to curtail the second-half of the Session. But that does not 
mean that we should curtail the discussions on papers. However, it will 
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be left to the Chairman of the Session. The first Session will be presided over 
by Prof. S. P. Chakravarti and the second Session by Brig. M.K. Rao. 

Prof. Chakravarti is the Chairman of the Electronics and Telecommunica¬ 
tion Engineering Division of the Institution. I very much liked to have his 
assistance in organizing the technical symposium here. I thank him on behalf 
of the Institution and my personal capacity that though the time was limited, 
the Chairman was able to come here and preside over the session. 

Prof. Chakravarti is well-known in the field of electronics and is associa¬ 
ted with different divisions. He has also assisted actively in furthering the 
activities of the Committee. 

I am sure, the participants will show keen interest in making this technical 
Symposium a success.’ 



WELCOME ADDRESS 

BY 

SHRI O. THIMMAIAH (M.) CHAIRMAN, 

ANDHRA PRADESH CENTRE 

‘General Vohra, Brother Engineers, Delegates, Ladies and Gentlemen, 

On behalf of the Institution of Engineers, I have great pleasure in extending 
a hearty welcome to brother engineers, participants of the symposium and other 
Senior Members to this great City of Hyderabad. The Institution has en¬ 
deavoured best to make your stay in the City of Hyderabad as comfortable as 
possible, and if any inconvenience has been caused, we request to be pardoned. 

Hyderabad, as ex-Capital of Nizam’s Dominion, is noted for its hospitality. 
However, if the level of hospitality has not been maintained, it is partly due to 
the present trying circumstances. 

During the 449th Council Meeting held at Srinagar, the President along 
with Council Members had decided that a symposium should be held at the 
next Council Meeting, that is the present one, and the subject should be appro¬ 
priate to the development taking place in and around the region where it is 
to be held. We have in Hyderabad the following institutions engaged in 
electronic field: (i) the Defence Electronics Research Laboratory, (ii) A.E.C’s 
Electronic units (iii) E.M.E. Shool (South), (iv) Hindusthan Aeronautics, Ltd. 
Besides these, there are several private entrepreneurs devoting considerably 
on the subject. The local committee of the Andhra Pradesh Centre discussed 
the subject and finally selected the topic ‘Modern Electronic Communication 
Techniques’ as the most appropriate subject to cover the developments taking 
place in and around the city of Hyderabad. A Sub-Committee consisting of 
Brig. Seshagiri and Lt. Col. B. Bhasin was formed for organization, selection 
of papers, etc. Invitations were sent to various institutions for contribution 
of papers and participation in this symposium. We are happy to announce 
that a great interest was shown by the various institutions to participate in the 
Symposium. Sixteen papers have been received. Nine papers have been 
printed complete in the form of a booklet along with the abstracts of other 
papers. Three papers were received late and arrangements are being made 
to print them also. 

The Institution congratulates the Sub-Committee for the good work done 
by them in a very short period under the supervision of Brig. C.L. Seshagiri, 
Commandant, EME School, especially in organization, selection of papers, 
printing, etc. The Institution extends its special thanks to Lt. Col. S.B. Lai 
for the excellent work done in getting the papers vetted and printed in record 
time. Our thanks are also due to the Deccan Press for their cooperation. 

The Institution also congratulates all those who haye contributed the 
papers at short notice. 
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The Institution congratulates the Honorary Secretary, Joint Honorary 
Secretary and the sub-committees and members of the Local Committee for 
their help and cooperation in making the symposium and Council Meeting 
a success. 

Gendemen, you are aware that the Electronics Science is a ‘must* both 
during the war time and peace time. Electronics has its wide applications 
in: (i) radar; (ii) modem transmission system with high frequency; (iii) data 
processing, solving complicated equations by digital and analogue computers 
and measurement of distances and in spacecraft. The Andhra Pradesh Centre 
of the Institution of Engineers (India) is proud that the Engineers, both Civil 
and Army, are meeting on a common platform to discuss the utilities of the 
electronics and electronic equipment, both for peace time and war time. 

We are happy to note that mo„t of the equipment required in the 
electronic field arc now being manufactured in India in a short period and the 
discussions will go a long way in the development of the electronic technology 
and the speedy manufacture of electronic equipment required to enable India 
to be self-sufficient. 

The Institution of Engineers (India), Andhra Pradesh Centre, and the 
participants are proud that Major General S.P. Vohra, President, who "him¬ 
self is the Director of Corps of Electrical and Mechanical Engineers in the Army, 
has been responsible for the maintenance of the electronic equipment in the 
Army and has consented to inaugurate the symposium. I welcome you all to 
participate in the symposium and make the function a grand success.’ 



OPENING ADDRESS OF PROF. S. P. GHAKRAVARTI (A/.), 
CHAIRMAN, ELECTRONICS ft TELECOMMUNICATION 
ENGINEERING DIVISION 

ON 

MODERN ELECTRONIC COMMUNICATION TECHNIQUES 

1. Introduction 

Although the Electronic Age has dawned with the opening of the present 
century, the era of ‘Modern Electronics’ may be said tojhave commenced from 
1945 with the cessation of the Second World War. 

Considerable developments in electronics made during the war period, 
which had remained secret at that time, were released for use during the post¬ 
war period, and further new inventions and outstanding contributions in elec¬ 
tronics have also been made since 1945. 

The development of modern ‘Electronic Communication Techniques’ has 
therefore been the outcome of all these available contributions during the 
war period as well as post-war period. 

The developments have been mostly in V.H.F., microwave and still higher 
frequency (I.R. and Optical) ranges. The application of new techniques has 
generally produced equipment having wide-band characteristics, low noise, 
very high stability (a few parts in 10 10 ), low energy consumption, small size 
and considerable robustness. 

The principal contributions which influenced the development of modern 
techniques since 1945 as well as the specific systems in which they have been 
applied are presented in brief in the Sections given below. 

2. High frequency electron tubes on entirely new principles 

As the tubes developed prior to 1940 were unsuitable for use at decimetric, 
centimetric and millimetric wavelengths, high frequency electron tubes based 
on entirely new principles have been evolved/improved for use at frequen¬ 
cies 1,000 megacycles per sec. to 300 kilomegacycles per sec. (30 cm. to 1 
mm.). 

Broadly they have been of three types as given below. 

(a) Tubes based on interaction of beam and cavity 

Klystron is the most important tube of this class, developed during 1937- 
39. A two-cavity Klystron operates as amplifier, frequency multiplier and 
also as self-excited oscillator (with a feedback loop) in the decimetric and 
centimetric ranges. Three* and multiple-cavity Klystrons operate as high 
power pulsed oscillators in microwave range. 

Reflex Klystron was developed about 1940, used for generating low power 
oscillations in the centimetre range. 
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Due to simplicity and reliability of electron tuning, wide applications of 
reflex Klystrons in various circuits of centimetre range equipment (e.g., local 
oscillator in radar receivers) have been made. A reflex Klystron can also be 
used for multiplying and dividing the frequency of oscillation. About 3 years 
ago, power reflex Klystron tubes suitable for large scale systems use covering 
the band, 18 to 100 kilomegacycles per sec., have been developed by Standard 
Telecommunication Laboratories, Ltd. At 35 kilomegacycles per sec. (3.5 
mm.) an output of 2.5 watts was obtained corresponding to an efficiency higher 
than 3%. 

Superiority of Klystrons over Magnetrons 

In recent years, the Klystron has begun to displace the Magnetron. 
Modern radar systems obtain considerable information from the phase charac¬ 
teristics of the returning echo but require accurate phase control of the out¬ 
going pulse. The Magnetron, which is only an oscillator and cannot amplify, 
is unable to satisfy this criterion. 

Klystron, which can amplify, has no such limitation. Modern high 
power Klystron amplifiers even approach the Magnetron in efficiency, achiev¬ 
ing 40 to 45 %. % 

The Klystron amplifier of Stanford University designed for ballistic 
* missile early warning radar is perhaps the world’s largest electron tube and can 
deliver a peak output power of 1 £ million watts or a continuous power output 
of 100 kW. 

(3) Tube based on interaction of beam and circuit (slow wave structure) 

Travelling-wave tube is the most important tube of this class. 

In these tubes, the electrons interact with travelling electromagnetic waves, 
but unlike the Magnetron the wave does not travel in a circle but length-wise 
through the tube. The wave gathers the electrons into bunches. The elec¬ 
trons bunched by the wave excite electromagnetic oscillations in the output 
compartment of the tube. For the interaction of the electrons with the wave 
to be sufficiently efficient, it is necessary for the velocity of electrons to be near 
to that of the electromagnetic wave. Therefore deceleration of electromag¬ 
netic wave has been achieved by sending it along a wire spiral. To pass the 
narrow spiral, the whole tube is placed inside the coil of an electromagnet. 
The electromagnet consumes a high power and weighs hundreds of times more 
than the tube itself. 

Spiratron 

In the U.S.S.R., a new version of TWT which does not require a magnetic 
focusing coil has been developed. Inside the decelerating spiral and along 
its axis, the tube uses a thin taut wire which is kept at a potential somewhat 
higher than that of the spiral. 

TWT has been mostly employed as amplifiers of low and medium level 
signals and also as high power pulse generator in centtmctric wave range. 
They have proved very suitable as amplifiers on ‘communication satellites*. 
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(c) Tubes based on interaction in crossed fields 

Magnetron is the most important tube of this class. 

A typical high power pulsed magnetron gives a power output of more than 
1,000 kW at 10 cm. wavelength when supplied with pulses of 100 amp. at 40 
kV and aligned in a uniform magnetic field of approximately 1,500 Gauss. 

The essential features of such a Magnetron are given below. 

An indirectly heated oxide cathode is supported from a glass insulator by 
tungsten rods along which enter the input pulses and heater supply. The 
anode with 13 segments which is resonant circuit with a like number of poles 
is fashioned from a copper block with water jacket on the outside. Loops are 
provided for accepting R.F. power from the resonant circuit and leading it 
through co-axial lines, a loop aerial and a vacuum tight window to the output 
wave-guide feeder. 

The conversion of energy from steady current input to R.F. output occurs 
in the ‘interaction space’ in which circulate the electrons that form the connec¬ 
ting links in the process. 

Magnetrons are used to produce high power pulsed oscillations in the 
microwave range in communication and rader equipment. 

3. Low noise amplifiers at microwave frequencies—Masers and 

‘Parametric amplifiers* 

Very low noise figures obtained in amplifiers (receivers) of these types make 
them suitable for use : 

(i) In receiver portion of radar sets, employing low peak powers or with 

given peak power for longer range service; 

(ii) In tropospheric scatter communication system; 

(iii) In microwave relay links employing non-optical ranges, where the 

signal intensity is low; 

(iv) In the repeater (amplifier) located on the active satellite, in satel¬ 

lite communication system; and 

(v) In accurate measurement of ‘cosmic noise’ in microwave range. 

The types of ‘low noise amplifier’ developed since 1955-56 are : 

(i) Gas maser (molecular amplifier); 

(ii) Solid state maser (paramagnetic amplifier of transmission cavity 

and travelling wave types); and 

(iii) Parametric amplifier. 

Paramagnetic amplifiers operate at the temperature of liquid Helium 
(<4.2°K.). One of the amplifiers can operate at 1.25°K. That is why 
amplifiers built on this principle possess much less internal noise. 

The typical noise figures for the above are given in Table 1. 
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Tabic 1 

Typical noise figures 


Amplifier 

Noise figure in dB 

Gas maser 

0.16 

Solid state maser 

0.10 

Parametric amplifier 

0.80 to 9.4 

(depending upon variable 
reactance element used) 



1 Pulse modulation systems—P.P.M. and P.C.M. 

In pulse modulation system, information is conveyed by modulating some 
parameter [either amplitude, or duration (width) or position in time] of the 
transmitted pulse. 

Of these, ‘pulse position modulation’ (P.P.M.) or, ‘pulse time modula¬ 
tion* is of particular interest. Compared with P.D.M, P.P.M. conserves poorer. 

The P.P.M. is most suitable for ‘time division multiplex communication 
systems’ on wire and radio channels. 

P.C.M. (puhe code modulation) system 

In P.C.M, the signal is sampled, and the magnitude of each sample is 
rounded off to the neares* one of finite set of permitted values (i.e, 9 the samples 
are quantized). 

Further, the quantized samples are translated into ‘codes’ as in telegraph 
systems. At receiving end, original wave is obtained. 

The P.C.M. is suitable for time division multiplex and also for secret com¬ 
munication system, A very high grade secrecy device can be obtained by use 
of P.C.M. technique. 

5* Digital communication systems 

Considerable advancement has been made in digital techniques and their 
application during last 10 years. 

Digital modulation provides the following advantages : 

(i) Good relaying capability: Can be relayed many times without 

deterioration of signal /noise ratio ; 

(ii) Reliable quality output can be achieved; 

(iii) Gives security in communication (suitable for defence); 

(iv) Has anti-jamming characteristics; 

(v) Suppression of interference; 

(vi) Adaptable in integrated circuits; 

(vii) Reduction in transmission errors; and 
(viii) Provides spectrum conservation. 
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6* Applications to V.H.F. and microwave communication 

(i) Multi-channel V.H.F. broadcasting 

For details of this system, a reference may be made to the paper entitled 
‘Multiplex Broadcasting’ by Greig, published in the Proceedings of the American 
Institute of Electrical Engineers, January 1946. 

The P.P.M. was employed to obtain the combined pulse series from 10 
stations. The band-width for 10 channels is about 2.5 megacycles per sec. which 
modulates a V.H.F. carrier by amplitude modulation for radiation. 

(ii) Multi-channel V.H.F, telephone and telegraph system 

After the Second World War, multi-channel, frequency modulated V.H.F. 
systems have been developed for simultaneous transmission of a number of 
telephone and telegraph channels. 

The equipment (as manufactured in Great Britain) are of two types : 

(a) A six-channel system handles six 4 kilocycles per sec. wide bands in 

each direction. 

(b) Twelve/twenty-four channel system handles a band either of 60-108 

kilocycles per »ec., or, 12-108 kilocycles per sec. in each direction. 

The composite bands frequency modulate V.H.F. transmitter of 100 watts 
at frequency within the band 70-88 megacycles per sec. This band is free 
from noise, both natural and man-made and slightly greater distances than 
the line-of-sight distance can be used. 

Since 1948, a multi-channel frequency modulated V.H.F. link has been 
developed in Switzerland for 6 channels. Transmission is effected with a fre¬ 
quency modulated V.H.F. carrier in the range 150-200 megacycles per sec. 

(iii) Multi-channel microwave systems—microwave relay systems 

(A) For communication over optical range 

(a) After the close of the Second World War, basic experiments were 
carried by I.T.T. Corporation to develop a multi-channel micro- 
wave link, employing P.P.M. A composite band, 2.8 megacycles 
per sec. arises out of 23 channels. Microwave frequency range 
of 1,000-3,000 megacycles per sec. has been considered most suitable. 
Repeaters of un-attended type have been placed at intervals of 20 
to 30 miles. 

(4) Around 1948, I.T.T. Corporation developed their FTL 10B system 
which provides a maximum of 23 V.F. channels and operates in 
1,825-2,100 band. The modulating band arising out of 23 channels 
by P.P.M. is 2.8 megacycles per sec. and transmitted frequency 
band is 5.6 megacycles per sec. in width. The overall signal-noise 
ratio is better than 50 dB. 
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To produce microwave frequencies, a special Magnetron or Turbator 
has been used, and it gives extremely low noise figure, high stability 
and clear tunability. 

Later improvement includes use of ‘low noise amplifiers (parametric 
amplifier)* in receivers at the repeaters. 

(B) For communication beyond optical range 

(a) Since 1941 and particularly since 1950 many experimental and theore¬ 

tical studies have been made regarding microwave tropospheric 
propagation beyond the optical range. 

A 900 megacycles per sec. P.P.M. system for beyond-the-horizon mul¬ 
ti-channel link for 91 miles path was successfully installed. Parabo¬ 
lic reflectors, 28 ft. across, and a diplexing illuminating horn have 
been installed at each terminal. Vertical polarization is used for 
transmission and horizontal for reception. 

The 23-channel P.P.M. equipment have been used with bandwidth 
restricted to 1 megacycles per sec. 

(b) Canadian Westinghouse Co. has developed a new system of long-dis¬ 

tance multi-channel microwave communication, known as ‘Tro¬ 
pospheric Scatter System* which can provide reliable communi¬ 
cation across 100 to 200 miles without a repeater. 

(C) 6,000 megacycles per sec . radio system 

This multi-channel system has been developed in the U.S.A. to 
handle industrial bands. 

New components as described below, have been devised that make micro- 
wave communication above 2,000 megacycles per sec. practical and economical. 

(a) Klystron is now widely used at frequencies upto 25,000 megacycles 

per sec. and performs more efficiently than any other tube; 

(b) Waveguides not only operate as transmission lines, but are designed 

to operate as capacitance, inductance, filter or hybrid. 

This system is affected most by atmospheric conditions. Importance is 
given to the sensitivity and noise figure of receivers, because of the deep fading. 

7. Transistors and tonne! diodes 

The invention of the transistor in 1948 marked the beginning of a new 
era in electronics. 

Junction-transistor, photo-transistor, surface barrier and field effect 
transistors, junction diodes and photo-diodes were discovered, followed by an 
array of new semi-conducting derices. 

In 1958, ‘tunnel diode* was discovered and this has unusual significance 
in electronics. 
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Tunnel diodes, unlike transistors and conventional diodes have no fre¬ 
quency limitations, require one-hundredth of the power of a transistor, have 
their switching times as short as 10“ 12 of a sec., are unaffected even when 
exposed to nuclear radiation and temperature extremes. In addition, they 
take very tiny space. 

Transistors and tunnel diodes are also most suitable for miniaturization 
and micro-miniaturization along with ‘evaporated* components developed 
for this work. 

Applications 

Transistors have found application in electronic telephone exchanges, 
carrier and V.F. communication systems, A-43 transistor portable television 
receiver, 9-transistor broadcast receiver, transistorized loud-speaking system, 
and hearing aids. 

Point-contact transistors were employed in operator tone-dialling equip¬ 
ment. Point-contact transistors and photo-transistors were employed in 
direct distance-dialling equipment. 

Transistors were widely used in digital computors, in digital data trans¬ 
mission and missile control systems. 

8. Lasers 

Laser stands for ‘light amplification by stimulated emission of radiation*. 

The laser is a device for producing a very powerful monochromatic beam 
of light in which the waves are coherent or in step and with this it is now possible 
to control the light waves in much the same way as is possible to control electro¬ 
magnetic radiation at lower frequencies. 

In conventional light, the spontaneously emitted photons are all random 
in phase and direction giving rise to an incoherent wavefront. 

An atom in the excited state—if it be struck by an outside photon having 
precisely the energy of the one that would be emitted spontaneously—can be 
stimulated before its voluntary drop to emit a photon. 

The stimulated photon joins precisely in phase with the photon that trig¬ 
gered its release and travels in the same direction as the incident photon. The 
incoming photon is, as a result, augmented by the one given up by the excited 
atom and the emitted wavefront, is coherent. 

After Maiman*s announcement of a ‘Ruby Laser’ in 1960, many new 
laser materials have been discovered. These are crystals other than ruby, 
glasses, plastics, liquids, gases, semi-conductors and plasmas. 

Solid state laser (ruby laser) 

The laser was made from a single crystal of pink ruby and aluminum oxide, 
coloured pink by addition of about 0.05% chromium. It was machined into 
a rod of about 4 cm. long X i cm. across. The ends were polished optically flat 
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and parallel and were partially silvered. To provide an intense source oi 
‘bumping* light, a powerful electronic flash tube was coiled round the ruby. 
An intense beam of red light flashes out from the ends of the rod. 

Gas laser 

It consists of a discharge tube (100 cm. long x 1.5 cm. diameter) with 
two small optically flat mirrors (reflectors) at the ends and is filled with a mix¬ 
ture of gases (He at 1 mm. and Ne at 0.1 mm.). A wave that starts out near 
one mirror and travels along the axis of the system grows by ‘stimulated emi¬ 
ssion* until it reaches the other mirror, whence it will be reflected back into 
the active medium, so that growth continues. 

The gas lasers can be designed to produce output beams over a wide range 
of wavelengths. 

Applications 

(a) Laser communication systems 

In the communication field, laser offers unusual advantages for the follo¬ 
wing types of communication: 

(i) Between two different parts of the world : On a carrier wave of 10 14 
cycles per sec., 4xl0 10 channels each 10 kilocycles per sec. wide 
with spacing of 5 kilocycles per sec. could be carried, enabling 
one-half of w.orld’s population to hold high-fidelity conversations 
with the other half at one and the same time. 

(ii) Between Earth and Moon: If and when the Moon becomes colonized 
and industries beneficial to inhabitants of Earth developed there¬ 
on, a laser beam will provide telephone, teleprinter, and television 
channels between Earth and Moon over a distance of about 
200,000 miles. 

Optical radar ranging 

A coherent light beam detecting and ranging system called ‘Colidar* was 
developed. Successful ranging was reported at more than 16 miles (30,000 m.) 
in daylight and 63 miles (112,000 m.) at night. 

It is not suggested that pulsed laser will displace radar but it offers the 
advantages of a narrow beam and relative freedom form interference. 

9* Satellite communication 

Preliminary experiments on Moon-relay communications were carried out 
in the U.S.A. in early fifties. Further, planned studies during 1958-61 used 
fixed ground stations to conduct experiments using Moon and other artificial 
satellites like Echo 1 and Echo 2 as reflectors. These together with later 
broad-band experiments with ‘active satellites’ provided ample useful data to 
establish reliable world-wide communication systems (for telephone, tele¬ 
printer and television channels) with different active satellites. The use of 
passive satellites is now considered to be of no comomeiml valtie; 
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At the present moment, there is a number of such communication satelli¬ 
tes over Europe, U.S.A., Atlantic, Pacific and Indian Oceans. In India, we 
are having one over Ahmedabad. 

The experimental work started about 1958 with launching of Score, the 
first communication satellite. The Telstar was launched in July 1962 and 
demonstrated the successful broadband communication across the Atlantic in 
decimetric and centimctric bands. 

With regard to active satellites, opinion has differed on the orbit systems 
for world-wide communications—synchronous orbit or lower altitude random 
and phased orbit. The present opinion is for stationary (synchronous) orbit 
for international and national communication links. Syncom-2 was launched 
into a synchronous equatorial orbit which made it stationary with respect to 
any point on earth. 

The first Intelsat commercial satellite—‘Early Bird* (weight 85 lb.)—was put 
over the Atlantic in April 1965. Its effective radiated power is about 15 dB 
above 1 watt, it has an antenna beam width of 10° and provides 240 telephone 
channels. 

The second series of Intelstat-2 satellites consists of two ‘Blue Birds’ 
(weight 155 lb.) one over the Atlantic (to give 100 voice channels) and another 
over the Pacific (to give 180 voice channels plus 6 voice/data channels for 
NASA) since 1966. The effective radiated power of Blue Bird is about 16 dB 
above 1 watt, its beam width is 15°. The transponder on the satellite includes 
4-stage tunnel diode amplifier and four 6-watt travelling-wave-tube-amplifiers 
for operation in parallel. The satellite transmitter frequency is in band 4.06- 
4.18 gigacycles per sec., and receiver frequency in band 6.28-6.40 gigacycles 
per sec. 

Brief details of equipment at ground are given below. 

Ground station 

The typical transmitter includes local oscillator, frequency-modulator 
and 10-kW R.F. power amplifier. The power amplifier uses a Klystron to 
generate an output of 10 kW from 50-milliwatt carrier input. The various 
channel bands are translated into higher frequency bands by subcarriers to 
give an overall broad-band to modulate the microwave carrier. 

The carrier frequencies of the transmitter for ground-to-satellite communi¬ 
cation are 6,390 and 2,299.5 megacycles per sec. for Telstar and Moon satellites 
respectively. For satcllite-to-ground communication, frequency of 4,170 mega¬ 
cycles per sec. has been used in case of Telstar. 
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Summary 

Instead of attempting to quantize the amplitude and representing each 
quantized amplitude level by a multidigit binary or ternary code, the uni¬ 
digit systems quantize the slopes of any waveform by a binary 1 /O or ternary 
1/0/— 1 pulses. These pulses after integration build up a replica of the 
input waveform in terms of small segments of varying slopes. Ideally any 
waveform may be broken up into segments, and then each segment is approxi¬ 
mated by straight lines. The approximation may be kept within close 
limits or the error can be made as smalt as we please by employing negative 
feedback. Naturally, for good approximation it is also necessary to have 
large number of segments or the length of the segments has to be small witfi 
a consequent increase in the P.R.F. 

Based on the above a practical system has been developed and called 
*slope-quantized P.C.M. (SQ-PCM) system \ The binary SQ-PCM 
employs a comparator with a threshold and an integrator, together with a 
response shaping network in the feedback loop . An approximated signal 
is built up by the feedback network and the difference between the original 
waveform and the approximated waveform gives rise to an error signal 
which is sought to be reduced by the feedback. The comparator working 
on the error signal gives (a+1) output only when the error exceeds a reference 
threshold, otherwise an < 0 > is generated. The negative slopes of the signal 
are matched by the cumulative negative slopes built up by the feedback net¬ 
work. The approximation thus is fairly satisfactory . 

The system above could be easily converted, by employing two threshold 
comparator circuits, into a ternary SQ-PCM system generating + 1/0/-“ 1 
pulses: the ternary SQ-PCM system gives a much better approximation 
than the binary system . The transmission properties of the SQ-PCM 
systems have been investigated and it is seen that the SQ;PCM-PM system 
is the most efficient from the power and communication efficient viewpoint. 

A further improvement of the signal’noise ratio and input-output 
characteristics of the SQ-PCM has been made possible by employing a 
second feedback loop . The system catted 'hybrid-unidigit PCM system* offers 
the optimum performance and is equivalent to a 7-digit PCM system (app¬ 
roximately 60 kilocycles per sec. PRF) at 40 kilocycles per sec. PRF only. 

•Presented at the Symposium on ‘Modem Electronic Communication Techniques* he!4 
in Hyderabad on August 26, 1967, 
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1« Introduction 

The general problems of communication and signal processing -may be 
classified broadly into two groups: (i) signal transformation, and (ii) their sub¬ 
sequent transmission. For efficient communication both signal processing 
and the RF modulation techniques have to be optimized. The paper discusses 
the relative merits of different quantized systems and also of different modu¬ 
lation techniques as used in pulse communication systems. Quantization and 
coding of the analogue signals ensure an almost error-free and efficient trans¬ 
mission in the channel. 

A multilevel quantization has many difficulties, both in transformation 
and transmission, due to lack of multistate storage and switching device and 
their vulnerability to noise interference. Currently binary codes have found 
wide applications and notable binary systems which use quantization in time 
and amplitude are PCM 1 , A M 2 , and (a — Z M)* However, it has been 
shown that a ternary code, 4 even with the use of binary devices to generate 
the code, will have a larger channel capacity and will require lesser equip¬ 
ment. An amplitude quantization of the signal waveform and a subsequent 
coding into three levels (+ 1,0, —1) seems to be a reasonably attractive idea, 
but unfortunately this will lead to elaborate and complicated circuitry. A 
uni-digit system, somewhat similar to A M, where the slopes of the signal wave¬ 
form could be quantized into three level (+1, 0, —1) pulses will be simple in 
circuitry and will offer the advantages of ternary over binary. A system has 
been developed along the above lines and called ‘ternary slope-quantized 
PCM*, or, SQ-PCM system. 5 In this system, the values of the slopes of the 
signal waveform at sampling instants, sampling being done at a rather high 
rate, are quantized into +1, 0, - 1 pulses by using two threshold devices in 
parallel. A simple expedient of building up an approximated signal and then 
comparing it with the original input in a negative feedback loop improves the 
quality of approximation considerably. 

Using the above idea of a threshold comparator a binary SQ-PCM 
system 6 has been developed, where a 1 /0 coding of the slopes of the signal wave 
form is employed. Like the ternary system, the encoder compares the ori¬ 
ginal signal with the approximated one built up by the feedback network and 
tries to reduce the error of quantization. The impulse response of the feedback 
network is such that it decays exponentially in a certain manner and the step 
by step modification of the cumulative positive and negative slopes matches the 
input waveform fairly well. The binary SQ-PCM system has a satisfactory 
performance for most of the signals but suffers from a little frequency distor¬ 
tion. A modification of the system called HU-PCM 7 improves the signal/noise 
ratio (SNR) considerably and does not have any frequency distortion. 

Finally, the transmission propei ties of these systems have been studied 8 
and it has been shown that the communication efficiency and power efficiency 
of these systems are fairly high or comparable to normal PCM systems, at least 
upto 7-digit PCM systems. 
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2. Ternary SQ-PCM system 

A staircase approximation of a signal waveform could be written as 

&B n U (1-4) 

n 

where 

A5* = fn fn- I 

and 

U{t — f») = Unit step at t = t n = ~ 

.A 

when /, is the pulse repetition frequency (P.R.F). 

The first derivative of this approximation will be 

/'« - Z*B n S (f - tn) 

n 

The parameter, &B n is proportional is to the slopes between the sample points 
and could be positive, negative or almost zero. If the slopes are now quantized 
into a ternary code, the approximated waveform will be 

/’(«)«**. 8 (I-4) =/'(*) 

n 

where B 0 takes the discrete values of + 1, 0, — 1 according as 

B 0 = 1, it’ | &B n | > Threshold value 

= 0, if | AB n | < Threshold value 

A practical scheme to implement this quantization is shown in Fig. 1 (i) 
where the boxcar circuit produces the staircase signal which is further processed 
as shown. The system, as it is, produces a level compression which U a serious 
drawback. A feedback is provided to improve the quality of matching of the 
input with the output by a continuous comparaison between the signal and 
its approximation. The feedback loop, necessarily therefore, contains a local 
receiver which essentially is an integrator. With the integrator in the feed¬ 
back loop, the overall effect is of a double differentiation of the signal at the 
transmitter while at the receiver only a single integrator is used. An integrator 
type of equalizer, therefore, is included in the transmitter as shown in Fig. I 
(ii). The forward circuit now has an integrator and differentiator and a re¬ 
adjustment of the blocks leads to circuit in Fig. l(iii). 

In Fig. l(iii) the error signal E(t) is sampled with a bi-synunetrical sampl¬ 
ing circuit to give an output S(t). The comparator quantizes S(t) into +1, 0 , 
— 1 pulses 0(t), This is feedback degeneratively through an integrator whose 
output B(t) is compared with /(t), the input signal, to produce the difference 
or error signal E(t). At the distant end receiver, the sequence of ternary pulses 
are just integrated and filtered to give the approximated signal. The f(t) 
follows/^) lincraly and for zero signal input the stationary pattern is 1 / 0 /— 1 
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pulses. Feedback increases the dynamic range of the signals that can be handled 
by the system and also reduces the errors to the minimum possible under the 
given conditions. 
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An analysis of the signal to quantizing noise characteristics of the system 9 
shows that with the use of an optimum threshold, the error waveform has a 
peaky distribution of amplitudes, and, if a truncated Gaussian distribution with 
an average crest factor of 4 is assumed, the SNR is given as 

[S /1 = K . /,f 
JVj /.* ./ m 

where / 0 is the filter bandwidth, f m the frequency of the message signal, f t the 
PRF, and A* is a factor of proportionality (= 1 for optimum input level). 

The SNR is seen to be proportional to / r t and inversely proportional to 
f m . Two factors are worth mentioning here. One is the overload which 
occurs for inputs larger than the optimum and gives rise to saturation or over¬ 
load distortion, and the other is the break point of the integrator in the feed¬ 
back loop. In the calculation above an ideal integrator has been assumed, 
but in practice an integrator with a breakpoint at 1,000 cycles per sec. is chosen, 
so that the dependance of SNR on f m is not pronounced. As f m increases, the 
overload occurs at lower input levels and there will be some frequency dis¬ 
tortion due to saturation. 

The performance characteristics of the ternary SQ-PCM system 4s very 
satisfactory. Fig. 2 shows the SNR with the input level variations at a PRF 
of 40 kilocycles per sec. The optimum SNR for 0 dB input level is 42 dB, and 
the dynamic range for the SNR above 25 dB is 30 dB. Fig. 3 shows the varia¬ 
tion of SNR with PRF and it is seen that the SNR improves by about 9 dB per 
octave change in PRF. Fig. 4 shows the output vs. f m (sinusoidal signals) and 
the frequency distortion is seen to be negligible. The dynamic range of the 
system could be increaed by using an ‘instantaneous compandor’. 

3. Binary SQ-PCM system 

If we use an interpolating function similar to the one used in the ternary 
system, we can match only the positive and zero slopes of the signal. To 
match the negative slopes of the waveform, therefore, the cumulative effect of 
decaying an interpolating function has to be used. It is shown 6 that 


where 


f(t) ~ 2 C 0 r (1-0 
» 


c. = 


Cn 


+ 1, if | C, | > Threshold value 
0, if | C n | < Threshold value 
W m 

, _J_ ( f(w) 

2 w m ) mS) ■* W” dw 

-w n 


when r (<-/,) is the impulse response of the interpolating filter to impulses 
pctpiring at / = £,, and^w) and R(w) are the frequency domain characteriza- 
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tion of the signal and filter respectively. It is thus possible to process the 
signal in a way similar to that shown in Fig. 1, and a block diagram of the 
system is shown in Fig. 5(i). The impulse response of the feedback network 
is such that its cumulative effect matches the negative slopes of the waveform. 
The error signal is sampled at the desired PRF and compared with an optimum 
reference level to produce 1/0 pulses 0(0 at the output. The feedback loop 
consists of an integrator and a response shaping network, and at its output the 
approximated signal B(t) is compared with input f(t) to give rise to the error 
signal E{t). The optimum reference of the comparator and the feedback net¬ 
work response are so adjusted that the error signal is minimized. The distant 
receiver is a replica of the network in the feedback circuit and, hence, the out¬ 
put of the receiver is fairly close to f(t). 

The signal-to-noise characteristic of the binary SQ-PGM are derived in 
a manner similar to the ternary SQ-PCM system and 
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Output os. frequency 


This shows that the results of the binary SQ-PCM or poorer by 6 dB as com¬ 
pared to those of the ternary SQ.-PCM system for the same PRF and f m The 
frequency distortion due to overload at higher f m is more pronounced in the 
binary SQ.-PCM system, and the dynamic range is smaller. The optimum 
SNR at 40 kilocycles per sec. PRF is 37 dB and dynamic range is 23 dB. Fig. 2 
shows the SNR with input variation at 40 kilocycles per sec. PRF, Fig 3. shows 
the variation of SNR with PRF and Fig. 4 shows the output vs. /«. It is semi 
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that at higher f m the output falls by about 6 dB as compared to the lower f m 
and the SNR at higher frequencies is poorer, again because of overload. 
This system is quite suitable for message signals like speech etc., and the dyna¬ 
mic range could be increased by using an instantaneous compandor. To 
equalize the output and SNR at the higher end of the band, some modifications 
can be made and the system optimized. 

4, Improvement of the binary SQ-PCM system 

It is seen that in a — E Af 8 , the SNR and output are equalized in the 
useful band at the cost of lower overall SNR. To improve and optimize the 
system, therefore, various secondary feedback loops have been tried, and it 
is found that a two-loop system using a modified inner loop has very satisfactory 
performance. The basic two loop quantizing circuit [Fig. 5 (ii)] has an inner 
loop similar to that of the binary SQ-PCM system, except that the sampler is 
taken outside the loop. The equalization of SNR and output is obtained by 
an integrator before the sampler and a simple feedback in a manner similar 
to the a —EM. The sampler outside the inner freedback loop avoids the 
large aliasing error introduced when the error waveform inside the loop is 
sampled, and the inner loop quantizer maintains the superiority of the SQ-PCM 
system. The secondary loop, now optimizes the performance of the system 
which has been called the ‘hybrid unidigit PCM 7 (HU-PCM)*. The SNR is 
41 dB at a PRF of 40 kilocycles per sec., and there is no frequency distortion. 
Fig. 2 shows the SNR vs. input variation, Fig. 3 the SNR vs. PRF and Fig. 4 
shows the output vs.f m . The SNR is constant for all/ OT at a certain input level. 

The HU-PCM reduces the quantizing noise by using a secondary feed¬ 
back loop but other hybrid PCM systems have also been suggested which 
obtain some improvements in SNR by utilizing auxiliary discrete channel to 
transmit information regarding the coding error separately. For A —M 
such an^auxiliary discrete channel has been developed where the error due to 
the primary coder is recoded in a secondary coder, and a two stage A— M 
called A — A Af system is obtained. The overall SNR of this complex a — Af, 
shown in Fig. 5 (iii), increases considerably and result of a two stage A — A M 
are similar to the HU-PCM. 

The results and performance of the three systems discussed above show 
that the ternary SQ-PCM at 40 kilocycles per sec. PRF is equivalent in terms 
of performance to a 7-digit normal PCM system. The binary SQ-PCM system 
at 40 kilocycles per sec. PRF is equivalent to a 6-digit PCM system and with 
the modification made in HU-PCM, the system at 40 kilocycles per sec. PRF 
is equivalent to a 7-digit PCM system (equivalent PRF 60 kilocycles per sec. 
An instantaneous compandor-compressor in forward path and an expandor in 
the secondary loop increases the dynamic range of these systems considerably. 

1 Transmission characteristics 

The coded signals of the ternary or the binary SQ,-PCM system could be 
transniitted at video pulses on cables, or modulated into some RF carrier bo* 
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fore transmission. The channel will introduce some noise and interference 
during the transmission and the correct detection of the signals in presence 
of noise is of great significance. The signal power necessary to achieve this 
with a given amount of noise in the channel can be calculated from a know- 
edge of the statistic, of the noise, the probability of error which is acceptable 
and type of modulation-demodulation scheme used. A set of graphical rela¬ 
tionships between channel input SNR and system output SNR have been cal¬ 
culated for the video, —AM, — FSK and - PM modes of transmission. The 
SNR at the output of the system is limited by the quantizing noise introduced, 
to start with, at the time of coding. 


There are many ways of evaluating the transmission characteristics of the 
systems, prominent among these is th# power efficiency and communication 
efficiency. For the same rate of information transmitted an ideal system will 
require a much smaller CNR than the actual system. Power efficiency, there¬ 
fore, gives an idea of the extra power needed by the actual system in comparison 
to the ideal. Considering a practical channel of bandwidth W , a certain CNR 


at the input of the detector is necessary to give an output 


^J of, say, 45 dB—a 


figure slightly higher than the limiting quantizing noise. The rate of infor¬ 
mation at the output of the receiver is 


«■=, M'.lo* (l + |) 
where W m is the message bandwidth. 


To signal at this rate, 



and, hence, 


the ideal system will require a certain CNR — 


"■ - w - “*■ (■+ 1 ) - w '°<“ [‘+(!L ] 


The actual (~z) is known from the curves previously mentioned and 

\Ni/ actual 


rj = Power efficiency 

Pow er transmitted in an ideal system 
838 Power transmitted in the actual system 


(Si) Meal _ V JV*>/ ideal 

(Si)«ctu»l /*$»* \ 

\ JV "\) actual 

if the noise is assumed to be same in both cases. Table 1 shows the power 
efficiency calculated from the above. For the purpose of comparison, the 
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power efficiency has been calculated for the 7-digit PCM and delta-modulation 
(RC-shaped signal) 9 systems also. 

The other way of evaluating the transmission characteristics is the deter¬ 
mination of minimum signal energy required for each information bit trans¬ 
mitted in the presence of Gaussian noise of uniform spectral density. The 
communication efficiency! 

a -^min. 

* “ € » 

where £ m in, is the minimum energy required per bit, and e* the noise spectra 
density. 

This can be rewritten as • 

„ P min. Anin. W S ( W 

P ~€*H ~ €* W ' H - JYiH 

where P m i n . is the minimum power required and H is the bit rate. For any 
S- S 

transmission mode, -Jr, W, and H for a of 45 dB are known and, hence, 

J\i o 

is calculated and shown in Table 2. The table also shows the ft for the*7-digit 
PCM and A -M (RC-shaped signal) for the purpose of comparison. 

6. Conclusions 

It is thus seen that the SQ^-PCM method of quantizing and uni-digit 
coding gives rise to very simple and efficient digital systems. The uni-digit 
ternary code seems to be very promising as it can be generated simply and its 
coding and transmission characteristics are fairly good. The communication 
and power efficiencies of ternary SQ-PCM-FSK and SQ-PCM-PM are equal 
or higher than other binary systems at a comparable PRF, its dynamic range 
is large, and the stability of the system is better than other systems. A secondary 
feedback loop around the quantizer, like the HU-PCM, will improve the per¬ 
formance of the system and it is expected that the PRF can be reduced to 30 
kilocycles per i»ec. for an optimum SNR of 42 dB. 

The binary SQ-PCM system is quite suitable for speech and data trans- 
nission, etc., but consequent with its improvement, the HU-PCM system seems 
to be best amongst the binary systems developed so far (in the range of 45 dB 
quantizing noises). The power and communication efficiencies are the highest 
and dynamic range could be increased to 40 dB. One of the disadvantages 
of these systems is that the SNR increases only at the rate of 9 dB per octave 
change of PRF as compared to; the exponential increase of SNR in normal 
PCM systems. The limiting eflfoct, therefore, is that in comparison to a 9-digit 
PCM the PRF required inHU-PCM to give a similar performance is much 
higher. 
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Inc bandwidths Jr, arc the same as given in Table 1. 

The //for ternary case is 40 log 2* = 63.2 kilobits per sec. 
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Summary 

A major trend daring the past decade has been the increasing digita¬ 
lization of electronics. Digital modulation techniques have been utilized 
in all the modem communication systems in order to achieve full exchange 
of bandwidth to signal-noise ratio, effective utilization of channel capacity,\ 
and the available frequency spectrum. Digital modulation systems have 
the distinct advantages such as good relaying capability, immunity to jam¬ 
ming, ease of adaptability to secure transmission and utilization of solid 
state circuits, reduction of errors in transmission and a high degree of reli¬ 
ability. In this paper, a brief introduction has been given to the PCM, 
delta modulation, concepts of modern communication systems such as the 
random access discrete address systems utilizing the time-frequency matrix 
addressing technique and the pseudo noise coding method, the Autovon and 
Autodin and the applications of digital modulation for space communica¬ 
tions have been discussed briefly . 

1« Introduction 

A major trend during the past decade has been the increasing digitaliza¬ 
tion of electronics. There have been and continue to be dramatic improve¬ 
ments in the components for digital circuits so that ever increasing degrees of 
reliability, operating speed, miniaturization and precision in data handling 
become attainable. Digital devices are generally free from calibration pro¬ 
blems and can be designed or programmed to perform complicated functions 
which might otherwise be unattainable. For most aspects of space communi¬ 
cations, the digital approach is rapidly becoming mandatory, as the high degree 
of reliability required for missions of long durations and high degree of precision 
for data transmission and tracking of space vehicles can be achieved by the 
utilization of digital modulation techniques. The digital modulation is the 
only preferred technique in all modem communication systems for it provides 
the advantages give below. 

-- - -- — - 

♦Presented at the Symposium on ‘Modern Electronic Communication Techniques* held in 
Hydmfegion August 26, 1967, * 
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(i) Good relaying capability: digital modulation can be relayed many 

times, easily without deterioration of signal-noise ratio. 

(ii) Uniform and reliable output: uniform and reliable quality output 

can be achieved as it is a sharp transmission threshold system. 

(iii) Secure transmission: it is easily adaptable to secure or secret trans¬ 

mission which is of great significance for application to defence 
communication systems. 

(iv) Anti-jam characteristics: as it is a wide-band communication system 

with a sharp threshold and provides redundancy in transmission^ 
more powerful and sophisticated type of equipments have to be 
used to jam as compared to the narrow band communication 
systems. 

(v) Suppression of interference: digital modulation permits excellent 

suppression of interference as long as such interference is weaker 
than the transmitted pulse. However, modern concepts of sta¬ 
tistical communication theory have proved that suitable types of 
coded transmission systems will provide effective communication 
even in the presence of noise. 

(vi) Ease of adaptability to integrated circuits: since most of the digital 

circuits are of repetitive type, a modular construction is possible 
by utilization of the solid state integrated circuits. In these cir¬ 
cuits simplicity of design is associated with a high degree of reliabi¬ 
lity in operation, reduction in the cost and increase of the ease of 
maintenance of the equipment. 

(vii) Spectrum conservation: the digital modulation systems provide a 

very good txchange of band width to signal to noise ratio and hence 
provide a very efficient use of the frequency spectrum. 

(viii) Reduction in transmission errors: the probability of errors can be 
reduced to a minimum by the selection of suitable modulations, 
waveforms and utilization of the appropriate error correcting and 
detecting codes. 

2« Pulse modulation systems 

The various types of pulsejnodulation systems are described below. 

‘The Sampling Theorem 1 states that a continuous message waveform that 
has a spectrum of finite bandwidth can be recovered from a set of discrete sam¬ 
ples whose data is slightly higher than twice the highest signal frequency. It 
is this principle that forms the basis of all pulse modulation systems. In pulse- 
amplitude modulation, the series of periodically recurring pulses are modulated 
in amplitude by the instantaneous sample of the input voice or information 
signal* In the pulse width modulation or pulse duration modulation, the time 
of occurencc of either the leading or trailing edge of each poise or both is varied 
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from its unmodulated position by the instantaneous sample of the modulating 
wave. In pulse position modulation, the amplitude of each instantaneous 
sample is used to vary the position in time of a pulse relative to its unmodula¬ 
ted time of occurence. Pulse width modulation and puke position modulation 
exhibit the feature of trading bandwidth for signal-noise ratio which is 
characteristic of FM. These are illustrated in Fig. 1. 



Pulse code modulation represents a major break-through in the art of 
communication. Each modulating wave is sampled periodically at a rate 
in excess of twice the highest frequency component present in it. These sam¬ 
ples are quantized into certain discrete levels. Each quantized sample is 
assigned a code pattern of a series of pulses which are transmitted by the pulse 
carrier. At the receiver end, each code pattern is identified, decoded and used 
to produce a voltage proportional to the original quantized sample. This is 
illustrated in Fig. 2. PCM lends itself to time division multiplexing and is 
considered to be the most efficient among the existing communication systems. 

The more recent pulse modulation system which requires wider bandwidth 
than PCM but has much simpler circuitry as compared to the complex PCM 
is known as the delta, modulation. Delta modulation is also designated as an 
‘uni-digit PCM* system. Delta pulses represent binary decisions determined 
by the polarity of the difference between the modulating signal and the approxi¬ 
mation of the original signal (vide Fig. 3). Thus, in a delta modulation system 
the transmitted pulses carry the information corresponding to the derivative 
of the amplitude of the modulation signal, and at the receiver these pulses are 
integrated to obtain the original waveform of the signal. A comparison of 
the two systems, delta and PCM will show that delta modulation » more ad¬ 
vantageous under certain conditions for voice communications, from the point 
pf view of both quality and simplicity. It comprises of simplified circuitry and 
also is capable of tolerating higher percentage transmission errors than the pulse 
code modulation. However, delta modulation proses much wider band* 
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width (Fig. 4) than PCM if the desired quality of voice transmission is high. PCM 
can be used for transmission in multiplex speech communication systems, data 
and facsimile signals, whereas, delta modulation is suitable for single channel 
systems. Delta modulation is finding increasing areas of application in many 
modern wideband communication systems, which would be discussed later. 


Voltage 



puxse 

'- yU/wtv Aa Ja J_ a[aaaMa 

Coda groups Identified 

•* 

(11) PCI! war# rapraaanting modulating signal in (1) abort 

Fig. 2 

Modulating signal and 3-digit binary PCM wave utilizing uniform 
quantum levels for a single-channel system 

3« Wideband communication systems 

Modern trend in all present-day communication systems is to utilize the 
broad band technique for effective utilization of channel capacity. J.P. Costas, 
a pioneer scientist in the field of communication system design, has analytically 
shown that broad band techniques have definite advantages for both civil and 
military applications and that they result in far more efficient spectrum utili¬ 
zation than conventional narrow band systems. With regard to military 
communications, he has also shown that the ability for a communication sys¬ 
tem to resist jamming varies in direct proportion to the transmission bandwidth 
for a fixed data or information rate. Hence, narrow band techniques lead pro¬ 
gressively to more expensive communication systems and to less expensive 
jammers. Utilization of the broad band techniques for military communica¬ 
tions is hence not only desirable, but also often mandatory. 

The design of communication systems took a revolutionary change after 
the initiation of the 'Science of Statistical Communication Theory’ by the 
pioneers, Wiener, Shannon, Fano, Costas and others, This theory certainly 
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has not only brought about a turning point in the design of communication 
system but also has enabled one to compute the efficiency of a given system, 
as well as the hypothetically maximum of efficiency which any system could 
attain. The advent of this theory has resulted in the development of modem 
wideband communication systems such as ‘address communication syst ems , 
Code-division multiplex systems, M-ary binary digital communication systems, 
coherent and non-coherent reception techniques’. 


Fig* 4 

Delta modulation 
waveforms 


,Input signal 

-Reconstructed signal 



.Delt a t puls. 

train 


4* Address communication systems 

One of the most significant concept of communication system design since 
the end of Second World War is the evolution of the random access discrete 
address system more popularly known as the ‘RADA’. It can be defined as a 
system in which many users can send independently different messages over 
a common wideband frequency channel at the same time, and in the same 
geographical area, by utilizing a technique of continuously addressing each 
communication. In such a system many messages will coexist and will carry 
not only different modulating signals but also different addresses so that each 
one can be distinguished from all others. For a typical address communica¬ 
tion system, the transmitter has to perform two separate functions, viz-> modula¬ 
tion and addresing. This is in contrast to the usual radio transmitter where 
only modulation is required to send messages. Again the modulation of voice 
or other information could be performed on either an analog or digital basis. 
In the analog modulation class, both PPM as well as PFM are considered 
suitable for the implementation of the address communication systems. Among 
the digital modulation systems, the delta modulation as well as the pulse code 
modulation are considered compatible for the implementation of the same. 
However, digital modulation systems are preferred in view of all the various 
advantages they provide, which have already been enumerated earlier. 

The addressing technique could be implemented by utilization of the time- 
frequency matrix or the pseudo noise codes. The time-frequency matrix is 
represented in Fig. 5. The voice or any other information is converted into 
a train of pulses which can be called modulation pulses. Each modulation 
pulse is transmitted as a group of three or four short RF pulses (bursts of RF 
energy). Each RF pulse is usually sent on different frequenciesand in different 
3 
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time relationships to the other pukes. The combination of the time and frequency 
slots in which RF pulses are transmitted is selected from what is known as the 
‘time-frequency address matrix* (TF matrix) and this combination constitutes 
an address which is continually recognized by the receiver of the particular user 
from the maze of other addresses. Only by transmitting a particular address 
can any desired user or receiver be reached. From Fig. 5 it is seen that the 
combinations F l T x , F 4 T 3 , F 2 T 7 and F 8 T v F x T 5 and F 8 T 8 constitute two 
different addresses. The size of the time frequency matrix determines the total 
number of unique addresses. One can obtain a very large number of addresses 
even from a relatively small time-frequency matrix. The total number of uni¬ 
que addresses available from a time frequency matrix is given by 


li 

Uf 1 

T-\Px-i 

1 T -1 

| F—JV I If 

j T-N 

where A is the number of address. 


For example, if F = 6, T = 16 and N = 3, 

li UL 

~ H GL 

1 3 

If JV is increased to N = 4, 

J_15 

[2 li 

J_j2 


6.30 


= 40,950 
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The size of the time-frequency matrix ako determines the total bandwidth 
occupied by the system. One can obtain any desired number of addresses by 
a suitable design of the time-frequency matrix. These addresses can be changed 
by a simple dial-like procedure. The address communication system provides 
a private hot-line inter-communication service between various subscribers 
On an immediate direct basis without any delay, in a manner comparable to 
today’s telephone service. Thk system is particularly suitable for military 
mobile communicatWs below the divkion level where modern concepts of 
mobile warfare place a heavy burden on communications, civilian mobile 
telephone service, satellite communications, aircraft traffic control systems and 
other multiple access communication systems. 

The address communication system, if successfully implemented will solve 
many of the* pressing combat communication problems for they provide the 
following advantages such as conservation of bandwidth, immediate direct 
access, secure transmission, immunity against jamming, graceful degradation, 
higher degree reliability, high degree of flexibility, low equipment cost and 
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Tira« slots 

• R F pulses In the first address 

F 1 T l, f 4 t 3 f 2 t 7 

B.RF pulses In the second address 
F5 Ti f Fi Tg and F4 Ts 

Fig. 5 

Representation of time-frequency matrix 

5. Pseudo noise code addressing technique 

The concept of address communication systems can also be accomplished 
by the utilization of the pseudo noise codes generated by shift register with 
linear feedback. Different portions of a long shift register sequence can be 
assigned as characteristic addresses of a large number of users or the subscribers. 
The receiver will recognize only the particular address for which it has been 
set* This can be accomplished by the utilization of digital matched filters or 
suitable correlation detection techniques. When the pseudo noise code has 
been completely read into the digital matched filter of the intended receiver, 
an output pulse modulation is obtained from which voice is recovered. 

Experimental sets have been developed by utilizing the PN code as the 
addressing techquique to accomplish the RADA concept in the U.S.A. which 
can provide about 1,000 subscribers. An experimental VHF portable radio 
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set has been developed in the U.S.A. by the IBM utilizing pseudo noise codes 
the addressing technique to accomplish the RADA concept in a particular 
geographical area, for a capacity 1,000 subscriber*. 

The implementation of the concept of address communication systems is 
still in the experimental stage as is revealed from the available information. 
Only a few experimental systems and equipment have been developed in more 
advanced countries but relatively large military RADA systems are in the 
design and planning stage in the U.S.A. It is claimed that there are experimental 
indications, that this concept will be very successful and will be one of the most 
important communications system concept in the future. Equipment like 
RADEM and RACEP have been developed and subjected to evaluation in 
the U.S.A. 


6. Autovon and Autodin 

The military communication systems in the U.S.A. are now being re¬ 
organized for automatic computer control circuits and several schemes have 
been developed, almost all of which utilize digital techniques. Autovon and 
Autodin are two different systems catering for instantaneous communication 
between different points of the globe which are included in the networks 

Autovon is an automatic voice network which handles voice and graphic 
communication on an automatic switching basis for the United States defence 
stations in the U.S.A. and'outside the U.S.A. It consists of automatic switching 
equipment, transmission facilities and terminal equipment. It is one of the 
most significant and comprehensive telecommunication programmes under¬ 
taken ever by the United States Defence Department. It works on a four-wire 
switching system with customers competing for services on a priority basis. 
The main features incorporated in Autovon are: 

(i) Direct distant dialling, 

(ii) Four levels of pre-emption; 

(iii) Off-hook service; 

(iv) Direct four wire subscribers; 

(v) PBX subscribers; 

(vi) Conference facilities: 

(vii) Broadcast facilities; 

(viii) Automatic testing, 

(ix) Recording announcement, 

(x) ~ Reprogrammable common control; 

(xi) ^Dial assistance operator; 

(mi) Confirmation signals; 
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(xiii) Wideband switching; and 

(xiv) Abbreviated dialling. 

The implementation of full programme of Autovon will be completed by 
1970. 

Autodin provides a smooth and efficient flow of information through the 
network. Autodin centre utilizes both circuit and message switching. Cir¬ 
cuit switching is the common practice of connecting the calling party directly 
to the person being called. However, to improve handling of large number of 
digital traffic, message switching allows storage of incoming messages until 
they can be forwarded to the next switching centre or to their ultimate destina¬ 
tion. In this way, as soon as a switching centre has relayed a message to 
another centre it is free for a new incoming call. The technique avoids long 
delays under busy conditions and prevents world-wide circuits from being 
tied up while one message is being completed. Autodin switching centre is 
similar to that of Autovon, although its needs and functions are specialized for 
handling data type digital signals rather than voice. Overall control of the 
centre is maintained by the communication data processor unit. In addition, 
the circuit and message switching units are inter-connected. 

Four types of services can work into Autodin through the switching centre. 
They are identified as compound magnetic tape high speed teletype and stan¬ 
dard teleprinter terminals. The compound terminal transmits and receives 
teletype and punch card messages. The magnetic tape terminal serves to 
connect computers to the system. High speed teletype terminal operates 
similarly to the compound terminal except that the rate of transmission is 
higher. 

In the United States and wherever else possible, facilities for Autovon and 
Autodin are being leased by the Government from existing telephone and tele¬ 
graph companies. Facilities outside the United States are also mostly owned 
by the United States Government. A total of 182 major and minor illus¬ 
trations will serve the network with about 2,200 tributary stations connected 
with it. Both Autovon and Autodin networks will rely on every means of 
transmission available, including telephone cable microwave link, HF radio, 
troposcatter and under sea cable. Feasibility of utilizing synchronous satel¬ 
lites is also being investigated. 

7* Application of digital techniques for space communicatiotts 

One of the primary problems of space communiations is the transmission 
of information or data at as high a rate as possible with a minimum of errors 
through a channel perturbed by stationary Gaussian noise. The trading of 
band width to signal to noise ratio is very important for all space communica¬ 
tion systems. If we examine the various methods of modulation, we find that 
these fall naturally into two classes of uncoded and coded transmission systems. 
It is well known that for the efficient utilization of the frequency spectrum and 
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effective utilization of channel capacity, reduction of probability of errors, for 
the detection of weak signals in the presence of noise, one has to take recourse 
to the coded transmission systems. 

Data may be presented to the transmitter in a variety of forms. Data is 
generated as a random sequence of binary symbols. Each symbol contains 
one bit of information. These data vectors are transformed into coded vectors 
by utilizing a coder. Various types of codes with special correlation properites 
have been utilized for the encoding of data and detection of signals. Codes 
such as orthogonal codes, bi-orthogonal codes, trans-orthogonal codes, the PN 
codes have been utilized for space communications depending on the require¬ 
ments. In modem space communication systems the principles of coherent 
communication have found increasing areas of application. 

In the M-ary digital communication system, there are available at the 
transmitter M = 2* signals to be transmitted. Each one of the data vectors 
is generated as a binary sequence of k consecutive data symbols. These data 
vectors are transformed into the code vectors by utilizing the various codes or 
signal waveforms which have very good correlation properties. At the receiver, 
all the Af-signals are received but it has to decide, as to which of the M trans¬ 
mitted data signals has been transmitted. Hence, ‘Optimal receivers’ utili¬ 
zing the ‘maximal likelihood detection techniques’ which decide on the maxi¬ 
mum posterior probability criterion is used. Thus for coherent reception in 
white noise, a bank of Af-correlators consisting of M-multipliers and integrators 
associated with a decision device is utilized for optimal decoding at the receiver. 

The error probability, Pe, i.e., the probability that an error occurs in one 
or more bits of a sequence of K bits for uncoded and coded transmission sys¬ 
tems is illustrated in Figs. 6 and 7. It is seen from Fig. 6 that for a fixed data 
rate,Jnoise density N 0 and Pe — 10'®, the required signal power is reduced 
almost by a factor of 2 (about 2.5 dB) for K =• 5. If K = 10, the signal power 
is reduced by almost a factor of 4, i.e., about 5 dB for the same data rate as 
illustrated in Fig. 7. Hence, it is evident that coded transmission systems 
bring about the conservation of power which is of vital importance for space 
communication and also permit approximately doubling the data rate for K = 
5 and quadruple it for K = 10. Thus utilization of coded transmission sys¬ 
tems, associated with coherent reception techniques provide an effective 
communication in the presence of noise. 
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Fig. 6 

Error probability "sequences for 
coded and uncoded transmission 
systems 


Fig. 7 

Error probability sequence 
for coded and uncoded 
transmission systems 
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Summary 

Digital filters are attractive for use both in communication systems 
and in sampled data control systems. In communication, they fulfil the 
need of sharp cut-off filters , while in control systems , they offer the designer 
great flexibility in choosing the transfer characteristics of the controller 
element. The latter facility is particularly useful in the design of control 
systems to suit wide variations in the environmental conditions and in the 
strength of the control signal. This paper biefly reviews the problem of 
digital filter synthesis and presents the experimental results obtained in the 
Defence Research Laboratory, Hyderabad . 

1* The digital filter 

The digital filter consists of a sampler, a coder, a digital computer and 
decoder as shown in Fig. 1. Here the analogue signal E t (t) is sampled and 
the output from the sampler E,*(t) is quantized and coded in an analogue 
digital converter, and is later modified by a suitable digital programme, which 
yields an output member series E 0 *(t) related to the input member series 
E x *(t). The main problem in the synthesis of a digital filter is the determi¬ 
nation of the digital programme of the computer, equivalent to the frequency 
characteristics of the corresponding analogue filter. The logical step would 
be to find the pulse transfer function of the sampled data system G(%) from the 
transfer function of the analogue filter, and realize this pulse transfer function 
by a suitable digital programme in the computer. A few examples will make 
this approach quite clear. 

2* Synthesis of pulse transfer functions 

Suppose it is desired to synthesize a digital filter having the properties 
of an ideal integrator. The frequency characteristics of an ideal integrator 
are shown in Fig. 2 and the transfer function of an ideal integrator should be 
K 

of the form G(s) =• —, where K is a constant. The pulse transfer function 
{?(£) of the corresponding sampled data system is given by 

n = oo 

JE a*t)z- 

n = 0 

•Presented at the Synqpxium on ‘Modern Electronic Communication Techniques’ 
held in Hyderabad on August 26.1967, 
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where g(t ) is the impulse response of the ideal integrator, and Z “ defined as 
e TS and T the sampling interval. Since it is known that the impulse response 
g(t) of an ideal integrator is the constant K, we can substitute this value in the 
expression for G(Z)< Then, we get 

n = oo 

<?(£) = X K Z'* 

n= 0 

- K (1 + z - 1 + Z* + .) 

KZ K 

“ z - i ’ or ’ 1 - Z' 1 (1) 


An _ 
sign 


Encoder? (Quantizer and adder 



7 


Ej.(t) saunplerg 1 (t) 


Digital 
Computer! 


Decode] 


Fig. 1 

Schemata diagram of a digital fittan 



The digital programming of the computer has therefore to be done to 
yield the output input relationship of the sample data system as 

HZ) _ K 
HZ) T=T -» 

or, 

HZ) - HZ)Z* « A HZ) 

From the above equation, we get 

£»*(<) - ~ T) + KE,*(t) ( 2 ) 

The computation involved in equation (2) can readily be performed by 
a conventional digital computer. Clearly the programme for equation (2) 
witt involve either add i tions or subtractions and one delay operation, for 
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more sophisticated filters, the programming will be complicated. An example 
of the synthesis of a low-pass filter will be considered next. 

3. The ideal low-pass filter 

The impulse response of an ideal low-pass filter having a cut-off frequency 
/, is given by 

sin 2tt f t 
2 it ft 


This function which is plotted in Fig. 3 shows a non-zero response before 
t = 0. This is obviously contrary to fact, and arises because an ideal low-pass 
filter is not physically realizable and cannot be made. In order to be realizable, 
the ideal low-pass filter transfer characteristic may be approximated to the 


Butterworth function, 


(1 + 


w 


2JV 


.where X represents the order of the function. 


The higher the value of X chosen, the better will be its approximation to the 
ideal filter. To illustrate the principle of synthesis, a third-order Butterworth 
will be considered. The impulse response of such a filter having a cut-off 
frequency of l radian per sec. is found to be 


2 

vT e 

and is shown plotted in Fig. 4. 
of the impulse response as 


r / 3 

7T Y] 

[ cos [~t 

+ eJJ 


Replacing t by nT i we get for the transform 
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If, in this example, it is assumed that the input frequency spectrum F t 
stretches up to twice the cut-off frequency of the filter, the sampling interval 

T, according to Shannon’s sampling theorem would be ~Q~p~ 0® this case/ 
•g see.). Substituting this value in equation (3), we get 

= 0.358 Z* + °- 265 Z mt + 0.03 Z"* +. 


( 4 ) 


It will be seen that only three terms of the series are significant. In most 
practical filters this will be the case, as the series is rapidly convergent and hence 
the practical utility of this method. The programming of the digital computer 
has therefore to be done according to equation (4) which gives the relation¬ 
ship between E 0 *(t ) and E,*(t) as 

£ o *(0 - 0.358 E* (l- T) + 0.265 £,*(< -2!) +3 E t * {t ~ 3 T) (5) 

The computation involved in equation (5) is simpler than that in the ideal 
integrator described earlier. 

4* An alternative approach 

An alternative approach to the problems of digital filter synthesis would 
be the convolution of the instantaneous samples with the impulse response of 
the filter. However, the convolution integral must be evaluated from ~ oo to 
+ oo and this would be an impossible task even for a highspeed digital com¬ 
puter. Fortunately, we can make simplifications, since in the case of practical 
filters the impulse response decays to a negligible value within a reasonable 
interval from the time of excitation so that finite limits may be set to the con¬ 
volution sum which may give rise to very small arbitrary error. Perhaps this 
can best be illustrated by the example of the synthesis of the third-order Butter- 
worth low-pass filter. 

As in the case of ^-transform analysis we shall asstime that the signal has 
a band width F v and it is desired to filter this with a low-pass filter having a 
cut-off frequency F„ where F x is necessarily greater than F g (otherwise there 
would be no point filtering). Then the procedure to be followed would be 
to sample the input Signal at sampling rate 2 F v and programme the digital 
computer to substitute for each sample the sum — T x to + T x of all samples 
multiplied by the appropriate impulse response of the filter. 

In our case, the impulse response would be 

J? ri [“*(! ,+ r)3 

where ± T x are the limits on the convolution sum set by accuracy considerations. 
Fig. 5 represents die situation in our example, if the output signal at any time ' 
is given by E 9 («*), where #| m hT + k T is measured from an arintary zero,» 




Then 
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3. (0 = E l (n + S) T [ T - <r 2 cos l ( k-S) T + 1 ] 

W - JJ 

( 6 ) 


Fig. 5 

Instantaneous Impulse 



Referring to Fig. 4, if T 1 is the time at which impulse response decays to a 
negligible value, then S T need not exceed T v 


i.e.. 


s _ L 

S ~ T 


Now T x and T are known from the conditions of the problem and the limits 
on S can easily be determined to be S', say. Equation (6), therefore, reduces to 


s = s 


= e1 r r - y'T r * cos (I (*-•*) r + i)] 

J = —s’ 

( 7) 

The impulse response of the filter would probably have to be calculated 
by a sub-routine. 


5. Experimental results 

The method outlined above has been tested with the aid of the general 
purpose computer available at the Defence Research Laboratory, Hyderabad. 
An ideal low-pass filter normalizedTo a cut-off frequency of 1 radian 
per sec. was synthesized by programming its impulse response as a sub-routine* 
The inputs to the computer were sinusoidal signals ranging fronnfO to 5 radians 
per sec. The sampling time of the signals was 1 sec. and limits of summation 
S’ chosen were ± 6, The output from the computer which is a time-series was 
decoded by recovering the envelope of the amplitude modulated pulses. The 
same computer was also used to synthesize other types of filters andjeompen- 
sating networks. 

& Proposed digital controller 

Fig. 6 shows the schematic model of the digital controller for sampled 
data systems being planned at the Osmania University, Hyderabad. The 
analogue error signal 4(f), is combined with a pulse generator output in a 
standard transistorized multiplier circuit. The sampled output A(nT) is coded 
in the binary form in an analogue digital converter. In the controller pro¬ 
posed, four samples can be stored in the register on the top and the storage 
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capacity can be increased with the number of samples desired. Four samples 
of the impulse response are stored in the preset shift register, and the input 
series and the impulse response series are multiplied and added according to 
equation (7). The output from the output register is converted again into 
the analogue form before being passed on to the controlled system. 



There are two general difficulties about the convolution method. The 
signal bandwidth must be known fairly accurately. It is also necessary to 
store S' samples before interpolation can begin. This means that even if 
instantaneous computation were possible, there would always be a delay of 
S' T. Perhaps real time filtering is more feasible with ^-transform method 
than with the convolution method. Apart from this, both the approaches are 
apparently applicable to any filter response whether analytical or not. 
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Summary 

In this paper the construction, generation, properties of m-sequences and 
their applications for ranging, information transmission, synchronization 
etc,, have been considered. 


I. Simplex codes 

If a code is such that its maximum correlation between two distinct code 
words is equal to the average correlation, then the code is called a ‘simplex’ 
code. Thus, for a simplex code, 


C {Vi, Vj) = Average C {Vi, V,) [i ^ j] 


- \ if P is even 

P-1 J 


s: — — J if P is odd 

For i = j, average of C {Vi, Vj) = 1, where Vi, i = 1, 2 ,. P are 

the code words. The correlation function of a simplex code is shown in 
Fig. 1. Because the correlation function assumes two values the sequence is also 
known as a two-level sequence. 

There are four known types of two level sequences giving rise to simplex 
codes. These are the sequences corresponding to the following values of word 
length P : 

(i) P * 2* - 1, Maximal length linear shift register sequences or 
m-sequences 


p 4 / _ I is prime quadratic residue or legendre sequences. 

(lii) P 4 1 — 1 = 4 x* + 27 is prime, Hall sequences. 

(iv) ? » d (Q, + 2 ) where both Q, and {(1+2) are prime, twin 
prime sequences. 


Out of these, the m-sequences are easy to generate by means of ajhift 
register, with suitable logics. The sequences consist of ( + 1)* and ( l)s 

or (-f l)s and zeros, ___ _— 

-, ft#|ented>ttteS ^ poiium on ‘Modem Electronic wmmmfcata Techniques* heW 


in Hyderabad on August 26,1967. 
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Hp*2 k -ih~ 



Fig. 1 

Correlation function of a simplex code for n odd 


2» Construction of m-sequences 

The m-sequences are maximal length linear recurring sequences. The 
theory of linear recurring sequences provides a method of construction of m- 
sequences. If m-sequence of period — 1 is desired any irreducible kth 
degree polynomial over GF (2) having period 2* — 1 can be used to give a re¬ 
cursion formula. Applying the recursion formula to any £-tuplc other than 
0...0 provides an m-sequence of the desired type. % 

Associated with the polynomial, 

k 

/(*) = 21 Ci x ‘ = C ° ® C 1 x © • • • • © c*#* = o (1) 

i—o 

is the recursion relationship 
k 

2 Z x j„i = C 0 Xj © Ci x j m i © Ck X =as 0 ( 2 ) 

*= o 

which gives 

^^ “q \P\ x /-i ®.® x /-*] (3) 

The symbol © denotes ‘exclusive or*. 

As an example, for k = 4, an irreducible polynomial of period 
P » 2* - 1 _15 is 

X* © X* © 1 as 0 (4) 

The recursion is given by 

xj = xj m% © x ( 5 ) 

Applying this recursion to the vector 0001, the following sequence is 
obtained : 


000100110101111 * 
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3* Generation of the m-seqnence 

To generate the m-sequence of period P, not exceeding 2* a shift register 
of degree k> can be employed. If the shift register is linear, the period of the 
sequence is at most 2* — 1 , and any output sequence achieving P=2* — 1 is 
called a maximum length linear shift register sequence. A shift register of 
degree k , is a device consisting of k consecutive binary storage positions, which 
shifts the contents of each position to the next position down the line, in time 
to the regular beat of a clock. In order to prevent the shift register from empty- 
ing by the end of k clock pulses, a ‘feedback term* may be computed as a logical 
function of the contents of the k positions and fed back into the first position of 
the shift register. The general block diagram of such a register with feedback 
and also external logic is shown in Fig. 2. With this set-up any pre-assigned 
binary sequence can be obtained as the output, given suitable choices of k , / 
and the initial state of the shift register. The most important special case of 
Fig. 2 which has been analyzed in great detail is the ‘linear’ case in which/ 
(*i Xk ) isjf parity check function on some or all of its k inputs. 



General shift register of degree with logical feedback 

External logic, g(x x . Xk) can also be added to the set-up in Fig. 2, as 

shown by the dotted lines. The principal advantage of this configuration is 

that the ‘internal or direct logic’, / (x l . x k ) in conjunction with the *-posi- 

tion register can be used to establish a period P, and the ‘external or output 

logic*, g (*,. Xk) can modify the sequence of period P, already generated 

to any other sequence of period P. 

As an example, the sequence constructed above for k = 4 can be genera¬ 
ted by a 4 -stage shift register with the feedback logic : 

/(**) — **-8 © **-4 = **-8 **-4 + **-S + **-4 

The symbol *-* over a parameter stands for complementation. If the 

initial vector is 1000 , then the succession of states will be : 

looo, oioo, ooio, iooi, lioo, ono, ion, oioi, ioio, noi, mo, mi, oiu, 

0011 , Q 0 QL 

4 , . 
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The output (the last position of each state) is the sequence [same as in 
equation (6)] 

000100110101111 

repeating periodically with period 15. 

4* Properties of m-sequences 

Even though the sequence in equation (6) is generated by a deterministic 
device, it satisfies several most obvious randomness tests and hence the sequence 
is also known as ‘pseudo-random’ or ‘pseudonoise’ sequence. 

Randomness tests 

(i) The balance property: In each period of the sequence, the number 

of 1 *s differ from the number of zeros by at the most 1. 

(ii) The run property: Among the runs of 1 ’s and zero’s in each period, 

one-half the runs of each kind arc of length one, one-fourth of 
each kind are of length two, one eight are of length three, and 
so on, as long as these fractions give meaningful numbers of runs. 

(iii) The correlation property: If a period of the sequence is compared, 

term by term, with any cyclic shift of itself, the number of agree¬ 
ments differ from the number of disagreements by at the most 1. 

It can be easily verified that the postulates, 1 to 3, are satisfied by the 
sequence considered. Postulate 3 is a precise characterization 
of the maximum length linear shift register sequences. 

The randomness of these sequences refers to the a priori conditions, 
under which the sequence was produced, rather than to the a 
posteriori consideration of what the sequence looks like, or what 
properties it exhibits. 

(iv) Cycle and add property : Given a PN code of length 2*-l and any 

cyclic permutation of the same PN code the modulo 2 sum is another 
cyclic permutation of the PN code. As an example for the code 
sequence in equation (6) if we add a cyclic shift of itself, the result is 

000100110101111 

001001101011110 

001101011110001 

Another cyclic shift of sequence in equation (6). 

5u Applications of m-seqnence* 

Ranging 

For range radar application in environments with extreme background 
noise, a shift register modulated pulse train using a maximum length sequence 
has the property that its auto-carrelation function is recoverable despite * 
Ubugtml excess of many decibels. 
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For a range radar, if a single pulse is transmitted, the returned pulse ampli¬ 
tude will be very small as the range increases. To enhance the echo, a pulse 
train can be transmitted. If the repetition period of the pulses is less than the 
time required for the signal to travel to the target and back, there will be am¬ 
biguity, which can be avoided by using m-sequences since the period of a m m 
sequence can be made longer than the time required for the echo to return. 
Good accuracy and resolution can be obtained by transmitting sequences 
whose time bandwidth products are 10 s or more. The m-sequences with 
periods in the range of billions and trillions can be generated with ease by shift 
regiscers. Such long sequences are especially useful in radar astronomy be¬ 
cause the delay involved between the transmitted and returned signal is large. 
For example, the Venus ranging experiment of M.I.T’s Lincoln Laboratory 
in 1959 and 1961 used a m-sequence of length 2 13 —1 = 8191, to determine 
whether to transmit ‘pulse’ or ‘no pulse’ in consecutive time intervals. The 
two-way transit time for the pulse is 247 sec. for the planet Venus. 

For good range resolution, the pulse repetition rate should be large. Hence, 
there will be large amount of delay involved in determining the phase of the 
returned sequence by correlation with a locally generated sequence. If the 
sequence is of million digits length, log 2 10 6 ‘yes-or-no’ questions have to be 
asked to obtain the correct phase. Sequences have been found which have the 
property that the phase can be determined by correlation using far fewer than 
the full number of trails. These sequences are found by combining several 
short PN sequences, digit by digit. If the periods of the several sequences have 
no common divisors, the period of the combined sequence is the product of the 
periods of the several sequences. It is possible to determine the phase of the 
combined sequence by determining separately the phases of the component 
sequences. This requires at the most (P t + P 2 +••••••+ P») trial correla¬ 
tions to determine the phase of a sequence whese length is P x P 2 . P n where 

Pi are the lengths of the component sequences. 

As an example of construction of a combined sequence, consider the two 
sequences with periods P x and P a : 

110100 P i =* 7 

111100010011010 P a = 15 

The combination is formed by the logical function add of the two sequences, 
digit by digit. The combination sequence with period 105 is 11100001000 
10001101000100100101010000100000100100000000010101001000100110000001 
1010011100000010000. 

. The auto-correlation function of the combined sequence has peaks for all 
values of phase shift which are divisible by the period of either component. 

Also the correlation, when both components are out of phase, is not — This 

is a consequence of the fact that the combination sequence is very unbalanced, 
with 73 zeros to 32 ones. Combination sequences can be constructed pre¬ 
serving the aqtq-cQfTclation properties of a single PN sequence, 





242 


THE INSTITUTION OF ENGINEERS (INDIA) 


The applicability of a waveform for radar can be judged by considering 
the ambiguity function plots. The ambiguity function is the Fourier trans¬ 
form of the product of the transmitted and received waveforms into the Doppler 
domain or the inverse Fourier transform of the product of the spectra of trans¬ 
mitted and received waveforms into the time (delay) domain. The ‘Bed of 
nails* magnitude squared ambiguity function or 0-function for the m-sequence 
of period P = 4 is shown in Fig. 3. For no-delay and Doppler shifts, the maxi¬ 
mum value P a occurs. Along the delay axis, the value drops to of the 

maximum and for delay and Doppler shifts not equal to zero, the value is 

(P -1) r - . 

of the maximum. 



^-Fuactfon of the m^equence corresponding to period 4 :111-1 

If the periodic impulses of the sequences are replaced by a bandpass 
a periodic signal the contours of|4| function for P=4 is shown in Fig. 4. 4 Here 
the \A\ function lies below the central spike by at least the hall-power time band¬ 
width product. As the period of the m-sequence used is increased, there will 
be more uniform distribution of the ambiguity and hence the peaks at points 
for delay and Doppler not-zero are reduced since the total volume enclosed 
above the delay Doppler plane is a constant and equal to unity. 

Coding for infomatfyn transmission 

In information transmission each message symbol is encoded into n binary 
digits* It can be shown* that as n is made larger and larger, H n (x), the entropy 
of the input to the channel, approaches the channel capacity C; the relation¬ 
ship is expressed as 

H* (*) = C - \ log a n 
n 

, T* **ch message symbol, any one of 2" code vectors can be assigned ran¬ 
domly. The number of binary digits for JV message symbols will beJV"2* . As 
,Jf and* axe increasedthcre arises the problem of storage of these Innw^jd^ti, 
purdculary foit a .spacecraft transmitter. This can be overcome by eisrfJoying 
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a shift register encoder to construct binary code signals which possess two level 
correlation. 



|Aj-Function contours for the code sequence 111-1 

Synchronization 

The two level correlation of PN code makes it attractive for using in syn¬ 
chronization techniques. A maximal length linear shift register is used in 
conjunction with phase lock techniques to obtain both bit and word synchroni¬ 
zation as well as a coherent demodulation reference. Also by employing a 
shift register the complexity of the decoding equipment can be reduced. 3 

Let the PN code clock generator frequency be 2 f s , where 


2 fs =/, ©/ /90° 

APN* code is defined as PN* = PN 0 f s 

Since PN is of odd length and there is a half-cycle of f s for each PN bit, PN* 
will have a cycle length of 2 P, being composed of a code of period P, followed 
by its complement. 

The auto-correlaion function R (T) of the PN* code is shown in Fig. 5. 
The maximum correlation cycle between + 1 and — 1 and occur for each cycle 
of the PN code component. 



Fig. 5 

PN* Mto-correlatloa function 
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The auto-correlation properties of PN* codes provide the basis by which 
two identical PN code generators operating from independent clock sources 
can be locked in time synchronism. The cross-correlation between^PN © 2 f, 
and PN is shown in Fig. 6. From Fig. 6 it is seen that an S curve is generated 
each time the PN code passes through its point of maximum correlation; other¬ 
wise, the function is zero. This property is ideal for employing phase lock 
techniques to synchronize the two PN code generators, with the cross-correla¬ 
tion function forming the loop error signal 


p(T) 



Fig. 6 

Crosa-correlatioii’fimctioajbetween PN ® If, and PN 

Besides the applications mentioned above, the shift register sequences can 
also be used in enciphering, where it acts as the ‘key’, multiple address coding 
where different portions of a long sequence can be assigned to different stations 
for position identification. As an example of the latter, different 10-bit seg¬ 
ments of a sequence of length 1023 have been assigned to each of 64 outlying 
weather stations to monitor rainfall information in the vicinity of Calcutta. 
Another interesting application is in the generation of random numbers for 
Monte-Carlo techniques. 
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Summary 

This paper deals with general system concepts and design trends in 
satellite communications . The subject has been built up by discussing the 
development of communications satellites in the chronological order and the 
present-day thinking in regard to the multifarious applications of satellite 
communications . This has been done so that the design trends may be well- 
appreciated keeping the above background in mind. The military appli¬ 
cations and the impact on the growing communications needs of India have 
also been discussed in brief 

1. Introduction 

During the year 1950, roughly one million telephone conversations took 
place from the U.S.A. to the countries overseas. Over the following ten years, 
this number rose to four millions. It is expected to reach 20 millions by 1970 
and climb close to 100 millions by 1980. 

Although the above figures are for one of the most developed countries of 
the world, nevertheless, they speak'of a definite trend in the growth of telephone 
traffic throughout the world which has forced the communication engineers 
to look for additional means of communication. Furthermore, besides the 
telephone and telegraph communications, endeavours are being made to 
develop the transmission of long distance television broadcast—a possibility 
which by permitting mutual exchanges of programmes between countries will 
bring the people of the world close to each other and will be a great landmark 
in the history of this shrinking would. 

Although until lately most of the inter continental communications traffic 
has been handled by means of cables and HF radio links, there can be no 
question but that these means alone will not suffice to meet future requirements. 
Submarine cables, because of the restricted number of telephone channels 
available for use, offer but limited possibilities, and as far as broad band trans¬ 
mission is concerned (television), they are not suitable. Besides this, the HF 
spectrum is already so overloaded that no further frequencies are available for 
additional radio links. In the circumstances, there seems to be no alternative 
but to resort to the use of long-range communication satellites for bridging long 
distances and transmitting broad-band signals. 

’"Presented at die Symposium on ‘Modern Electronic Communication Techniques* held 
xn Hyderabad, on August 26,1967. 
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In addition to the civil authorities demanding an increased capacity of 
means of communication! the military authorities in some of the countries 
(like the U.S.A. and western European countries) have for some time felt the 
need for substantial number of long-range communication links affording 
utmost reliability and immunity to jamming by a potential enemy. Since 
this dual interest is particularly prevalent in the U.S.A. it was reasonable to 
expect that the United States would take the lead in exploring the possibilities 
offered in this field by satellite this is all the more so as they are in a better 
position than other countries to provide the financial means to carry out the 
work entailed in the research, development, construction and launching of 
experimental satellites. 

2. Short history and development of satellite communications 

The history of satellite communication dates from October 21, 1957, the 
day of successful launching of the ‘Sputnik* by the U.S.S.R. It is only since 
then, that the communication engineers could have started dreaming reali¬ 
stically of putting up an artificial satellite in space which could either act as 
passive reflector for VHF and SHF radio waves or as an active repeater station 
in space, thereby increasing the range of communications to thousands of miles 
at these frequencies, thus replacing the cumbersome network of ground based 
repeater stations. Problem with these repeater stations becomes very com¬ 
plicated when two ground stations are separated by a stretch of sea. 

The experimental work on the communication satellites began around 
the year 1958 with the launching of ‘Score* the first experimental communi¬ 
cation satellite on December 18, 1958. First test of communication trans¬ 
mission was conducted by means of this satellite. Since then a large number of 
experimental communication satellites both active and passive have been 
launched. The notable landmark in the history of development has been the 
launching of Telstar-1 on July 10, 1962, which demonstrated the successful 
transmission of broad-band communications across the Atlantic Ocean in 
SHF range for the first time. 

At this stage there remained no doubt in the minds of the experts that the 
construction of satellites for world-wide communications would not only be 
feasible but also commercially worth while On the other hand, opinion had 
been far from unanimous as to how such a satellite communication system 
should be designed technically. Very little experience was available at this 
stage and in view of the many different theoretical possibilities it remained to 
be seen which one would offer die best prospects of success. 

The use of passive satellites has been considered to be of no commercial 
interest despite satisfactory results achieved with Echo 1 and 2, for the reason 
that the sisals reflected back to ground stations even with high power trans¬ 
mitters are extremely weak and because the possible bandwidth is not suffr* 

for mtbfectoty of television signals. to J&e 

bf tetive satellites die opinion differed widely on the orbit system for 
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world-wide communications network. The opinion was chiefly divided in 
favour of the following systems: 

(i) Synchronous orbit; and 

(ii) Lower altitude random and phased orbits. 

The points advanced in favour of the first system were fixed an te nnas at 
the ground station which are much cheaper than the steerable antennas re¬ 
quired for the second system and lesser number of satellites required for estab¬ 
lishing world wide communications. The points against the system were the 
delay period of 0.6 sec., in duplex transmission, echo effect, problems of station 
keeping (*.*., keeping the satellite in exact orbit so that its time period of rota¬ 
tion is that of earth, i.e., 24 hr.) and the very high power requirements for the 
satellite. 

However, to gain practical experience on these problems a number of 
experimental satellites were planned for launching. Of these, Syncom 1 and 
need special mention as they were the first synchronous satellites launched by 
Hughes Aircraft Co. (the chief proponents of synchronous orbits). Syncom-2 
was launched into a synchronous equatorial orbit which makes the satellite 
stationary with respect to any point on earth. 

The results obtained from the launchings of Syncom-1 and Syncom-2 were 
so satisfactory that they proved even better than iti proponents, once out¬ 
numbered, had expected. The result of this has been that opinion has now 
more or less crystallized in favour of the stationary orbit concept for inter¬ 
national and national commercial communications links. 

The growth of the satellite communications since then has been very 
swift. In February 1963, Communications Satellite Corporation (COMSAT) 
was incorporated in the U.S.A. The Corporation has the virtual monopoly 
on the growth of commercial systems. 

As a number of nations started showing interest in the global communi¬ 
cations by satellites, International Telecommunications Satellite Consortium 
(INTELSAT) was formed which has 55 member nations now. Communi¬ 
cations Satellite Corporation (COMSAT) is the manager for developing the 
space segment of the (INTELSAT) global system. India is one of the 
member nations of INTELSAT. 

3. Operational systems 

The first INTELSAT commercial satellite ‘Early Bird 1 was put up by 
COMSAT over the Atlantic in April 1965, and it is still operational. Built 
and developed by Hughes, the satellite has been launched in synchronous 
orbit. The weight of the satellite is 85 lb. The effective radiated power is 
14.5 dBW (W*4 dB above 1 watt). It has an antenna beam width of 10° and 
is capable of providing 240 voice channels. 

Coming up next on the schedule of COMSAT was the deployment of an 
uprated satellite 303A the Hughes-built, which is also being called, INTELSAT- 
I and Blue Bird. Two Blue Buds have been launched by new, one over the 
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Atlantic and the other over the Pacific. Besides six voice/data circuits for 
National Aeronautic and Space Agency (NASA). Blue Bird has opened 
commercial links in the Pacific with nearly 180 channels and the one on the 
Atlantic has augmented the Early Bird’s existing 240 channels with another 
100 . 

Although heavier (155 lb. vs. 85 lb. in orbit) and more powerful (15.5 
dBW vs. 14.5 dBW) than Early Bird. Blue Bird is rated at the same 240 channels 
because its antenna beam width has been increased from 10° to 15° in order to 
cover a greater surface area of the earth. Bandwidth has been increased to 
about 125 megacycles per sec. by using single conversion transponder that 
includes a four-stage tunnel-diode amplifier and four 6-watt travelling-wave- 
tube-amplifiers which can be operated in parallel. In the satellite the receiver 
operates in the band 6.285-6.405 gigacycles per sec. and the transmitter in the 
band 4.06-4.18 gigacycles per sec. 

The Blue Bird has a rated three years operational life and will fill up the 
time gap between now and the upcoming third phase of global ssystem (IN¬ 
TELSAT-3) for international television and telephony links. 

It may be pointed out that the satellite for Pacific (Blue Bird) was first 
launched in October 1966, but the apogee motor failed to put it into \he re¬ 
quired geo-stationary orbit 22,300 miles above the earth and the space craft 
is now travelling in an elliptical orbit. It was while this ‘rough’ satellite was 
temporarily above Indian Ocean in November 1966, that Britain was able to 
transmit live television pictures to Australia. The replacement for this ‘rouge* 
Pacific satellite has been launched in January 1967, and has been successfully 
injected into synchronous orbit. 

4. Intelsat-3 

The first and the second phase being over, COMSAT is now shooting for 
early 1968 for the third phase of global system (INTELSAT-3). This will 
provide three new satellites: one above the Atlantic, one above the Pacific and 
one above the Indian Ocean (vide Fig. 1). Each will have a capacity of 1,200 
two-way telephone channels estimated to handle projected telephone circuit 
needs through the 0$#. 1970’s. 

The Intclsat-3 satellites are being constructed by an American Company 
TRW systems and, six are on order. These will have slightly greater trans¬ 
mitter power than that of Intelsat-2 but because the aerial beam will not be an 
all-round toroidal one but will have all the radiated energy directed in a cone 
towards earth the erp will be substantially greater—about 22 dBW. The 
directional beam will be achieved by an electronically despun aerial system 
which will counteract the effect of the stabilization spin of the satellite by 
cyclically switching the RF energy to the aerial elements as the satellite rotates. 
The greater capacity of these satellites will be provided by the wider band 
width 500 megacycles per sec. instead of INTELSAT-2’s 125 megacycles per 
Sec. the receiving band being 5.925 to 6.425 gigacycles per sec. and the trans¬ 
mitting band 3.700 to 4.200 gigacycles per sec. Each of the satdlites will 
weigh 260 lb. and measure 56 in. by 37 in. 



JOSH! : SATELLITE COMMUNICATIONS 


Intelsat 3 Intelsat 2 

Bw»» at S*jl«Tatl« *£??**;. 22t»,«. ‘ 


satellite satellite satellite 


162 at equator! 
Goonftlllj 


/Ibarem N 
/f ( Japan) 




/f/7 /fSBT 

- / .JLAsc ens ion -4-— 



wwmmw 




Location of communication satellites over the earth 


5. Multifarious applications of satellite communications 

The completion of project INTELSAT-3 is not the end but just the begin- 
ing of multifarious activities in satellite commnications. 

Planned for launching in 1967 is a 210 lb. synchronous aeronautical 
satellite that will provide voice communication relay to commercial aircraft 
over the Atlantic where currently used links such as high frequency are least, 
effective. This means working with lower performance aircraft receiverst 
the use of VHF and very low gain aircraft antennas. Initially two transport¬ 
able ground stations with 42-ft. antennas will be used with COMSAT guaran¬ 
teeing two communication channels. Once this initial aeronautical satellite 
proves out, it will expand quickly into a global system. Such a system would 
provide to trans-oceanic flights such services as aircraft location, traffic density 
information and in flight telephone hook-up for passengers. This means in 
early 1970*s when the supersonic transports begin flying, all the anticipated 
problems would be solved especially when the pilots are passing over empty 
stretches of land and water. 

COMSAT is also considering the design studies for a large multipurpose 
satellite that may well end up providing both aeronautical (air traffic control 
as well as communications) and television as early as 1968 or 1969. The 
satellite would weigh abour 800 lb. in orbit. It may have as many as 
three narrow beam antennas and 10 to 12 repeaters to accomplish its varied 
tasks. With a planned 500 megacycles per sec. bandwidth and erp of 40 
4BW the satellite will have capacity of about 5,000 to 6,000 twoway telephone 
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One of the most exciting applications of satellites is considered to be data 
transmission in near future. It is difficult to say when the computer-to-com- 
puter hook-ups via satellite will be big businesss but the experts fed that the 
data transmission one day will be the biggest source of revenue from satdlites. 

Direct tdevision broadcast from satellite to home receivers is also being 
considered. If the detailed design studies were started now, the Radio Cor¬ 
poration of America (RCA) believes that it could demonstrate large area tele¬ 
casting into home receivers by 1969. RCA would use a synchronous satellite 
with a single TV channel capacity. This practical demonstration would be 
made at a frequency of 800 megacycles per sec. Using a 40-ft. dish antenna at 
the ground station and a transmitter power of 5 kW on the satellite would 
provide an acceptable signal for home receivers modified by an outside ante¬ 
nna and booster amplifier both costing under 100 dollars. 

Another job for communications satellites will be to collect meteorological 
information from a world wide network of weather observation stations—from 
ocean buoys to aircraft—and feed their data into a master computer complex 
to obtain the world weather pictures. The analysis and forecast in turn could 
be distributed to cities and towds throughout the world by the same satellite 
network. Three or four synchronous satellites could pickup virtually all 
weather stations, excluding only the polar areas. Such a satellite network 
could also take pictures of cloud cover over the earth in the manner of Nim¬ 
bus and Tiros meteorological satellites. 

6. Future trends in satellite design 

The future trends in satellite design and the problems encountered can be 
considered under the headings given below. 

Satellite size 

Hughes Aircraft Co. is in the process of developing high powers atellites- 
HS 307 family. One of the satdlites of this family proposed by them for 
television broadcast is 9 ft. in diameter and 8 ft. long, would weight about 
1,550 lb. and provide an effective radiated power of 40 dBW. Hughes have 
considered larger satepte configurations and conduded that the improvements 
gained do not seem to be worth the increase in size. By doubling the satellite 
length to 16 ft. an erp of 43 dBW was expected which the experts do not con¬ 
sider to be worth the^ncrease in size. The size of HS 307 family and its power 
output is considered adequate for the commercial communications satellites 
for die next decade. 

Synchronous orbit 

'■r 

Since a single synchronous orbit is visible from about one-third of the 
earth’s surface, ground Nations do not need to handover traffic from one satel¬ 
lite to another. By going, to lower orbits handover becomes a big problem* 
Sbch prbfts 6 to 12, for a phased odHt and 

‘____ ih a* _ _ __ ‘ _..._^ .«. m ' 




up because of the complex tracking system. The motion of satellites atiowe* 
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altitudes introduces Doppler shifts, variation in path lengths, and irregular 
periods of mutual visibility between stations. This makes it difficult or im¬ 
possible to allow one satellite to cover several ground stations simultaneously, 
that is to provide, multiple-access. 

On account of all these factors the future systems are likely to be synchro¬ 
nous except where jomc special purpose systems are required like the satellites 
required for military use where reliability and security of messages and free¬ 
dom form enemy interference are very important considerations. 

In the stationary orbit, which is synchronous, circular and equatorial, 
periodic control can reduce satellite excursions to less than 0.03° from its desired 
position, a precision approached by the Syncom-3 and Early Bird. The sun 
and the moon exert a continuing pressure on the satellites changing its orbit 
inclination. To counteract this and keep the satellite on station a total of 
about 170 ft. per sec. of control velocity is needed each year. This is not a 
burdensome design requirement and the advantages in ground station design 
where fixed antennas can then be used are expected to warrant such control 
in the future systems. 

Stabilization and altitude control 

Spin stabilization where the satellite spins about one of its axes to prevent 
tumbling is considered to be the most rational choice for a practical communi¬ 
cations satellites design. The spin axis is perpendicular to the orbit plane so 
that the directions of the earth towards which maximum antenna gain is desired 
is perpendicular to the satellite axis throughout its orbit. This is considered 
very good from the point of view of the problem of thermal control. Because 
of the averaging effect of spinning on the heating of its surface due to thermal 
radiations of the sun the satellite operates at a temperature of nearly 25 C C. In 
the other method, i.e., earth oriented, the satellite creates a number of problems 
like active thermal control and requirement of a servo loop to keep the solar 
cell array pointed towards the sun, of the two methods therefore, the spin 
stabilization is preferred. 

The problem of antenna directivity in spin stabilized satellites has been 
overcome by electronically despun phased array antenna designs (vide Fig. 2). 

Power sources 

One of the pacing technologies in building practical communications 
satellites has been the power system. But surprisingly enough, most specialists 
agree that for next five to ten years, possibly even longer, satellites will use solar 
ceils or photo-voltaic systems. The solar cellwritten-off time and again in 
recent years by engineers for large power sources in space, is now being seriously 
considered for systems in kW ranges^ For 1975 flights hardware, 40 to 
50 kW photo voltaic systems are being considered practical and realizable. 
These kilowatts be obtained out of deployable array that unfold or expand 
fc Space. Only problem is fab structural dynamics of these solar cell assemblies. 
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Hughes is now getting 6 watts per lb. out of its solar array (structural 
material, solar celL and diodes). The Company has been proposing to equip 
its HS 307 satellites with 550 watts of D.C. power and they feel it can be in¬ 
creased to 700 to 800 watts still using skin mounted cells. 

The TRW systems engineers say that the best way to go is to have existing 
solar cells mounted on light weight deployable structures of rigid foldable 
panels. By using this method it is felt that 20 watts per lb. of raw power can 
be obtained. Thin film solar cells are also being developed which would reduce 
the weight further. With today’s state of art 10 to 50 kW of power can be 
obtained from a solar array as large as 500 sq. ft. or more of solar cells. 



Design'd elcctrkally'de-apiiifphased array antenna 


The other power supply sources being considered are nuclear sources but 
reactor weights, including their shielding, make them unattractive on the basis 
of lb. per watt output and their use in communication satellites is unlikely for 
some time. 

Satellite power 

Considerable Work is being done currently on higher power travelling 
wave tubes for communications satellites. However, Hughes is taking a differ¬ 
ent track to increase the RF power output. They are using a number of 6 watts 
TWTs in parallel. By staying with lower power devices in its parallel approach, 
Hughes engineers believe that they can reach the 100-200 watt range of RF 
power in one satellite. And if one of the small TWTs quits working there 
will be a modest degradation of power and not the complete! outage that will 
result if a single high power tube fails. Engineers were worried about the 
TWT life four or five years ago but now the tube designers are talking about 
200,000 and 300,000 hours life time of 6 watts TWTs. 

AnUrma design 

The already operational synchronous coinmunjk^itkra satellites have w$4 

toroidal beam to morcase antenna gain, Most of tbs power U 
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perpendicular to the satellite spin axis but with no directivity in this plane. 
This technique limits antenna goin to 8 dB at most if the beam it to cover the 
entire visible portion of the earth. 

By going to a pencil beam antenna gain can be increased to as much as 
19dB and still cover the entire visible area of the earth’s surface. But this means 
the antenna system design must provide for despinning the beam, the beam must 
rotate relative to the satellite at the spin speed (plus or minus the orbital angualr 
velocity) to cancel the satellite spin and keep the beam on earth. 

The two basic design solutions to the beam despin problems are the mecha¬ 
nically despun antenna and electronically phased array. Both are active con¬ 
tenders, for an advanced satellite system and each has its own set of advantages 
and disadvantages. 

The primary advantage of the mechanically despun antenna is that the 
received beam can also be despun with minimal additional complexity, but 
there-are two disadvantages. Bearings are required and the long term relia¬ 
bility of these components in vacuum lias not been fully established. Secondly 
it is difficult to provide the toroidol beam radiation pattern as a back up in case 
of failure of the despin mechanism. This capability is desirable not only as a 
back up, but during the initial descent phase of orbit injection where it greatly 
simplifies satllite acquisiton by ground stations. 

Two configurations both of which avoid the use of rotary joints are shown 
m Fig. 3. 



A phased array antenna (vide Fig. 4) is made up of radiating elements 
spaced uniformly around a cylinder. The shape of the beam in the spin axis 
plane is determined by the pattern of an individual element. Each element 
is excited at phase chosen so that the signals due to all elements add in the direc¬ 
tion corresponding to the centre of the beam. If R* is the radius of the array 
and* 9 the angle between the beam axis and one of the elements, the phase 
angle for the drive in radians is 2 ir R cos 6 A, where A is the wave length. Total 
gain of the antenna is the product of one element’s gain and gain improvement 
factor which increases roughly proportional to the number of elements and to 
tb$ of the array, Variation in the geometry of the elements relative to 
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the beam, however, results in undesirable spin modulation which is periodic 
at a frequency equal to the number of elements JV times the spin speed. Thus, 
for example, when'the radius is increased without adding more elements, there 
is an increase in spin modulation. A suitable design is to make the radius R, 

approximately equal to where N equals'twelve or more, the resulting spin 

modulation is only a few hundredths of a decibel. 



The phase of the antenna elements can be controlled by ferrite phase shifter 
supplied with appropriate voltages. Such phase shifters provide two outputs 
with phase shifts equal in magnitude but opposite in sign. The two outputs 
can drive diametrically opposite elements, so that the number of phase shifters 
JV 

needed is . Each phase shifter requires two drive voltages, which vary as 

sin ^2nR cos ~ J and cos ^2 it R cos ~ This would give an electronically 
de-spun beam. 

Multiple access 

When the aim is to service about one-third of the earth with a sing le 
satellite repeater, it is important that as many ground stations as possible be 
able to communicate simultaneously with the satellite. By sharing a s ingl e 
satellite repeater, among many users service costs can be reduced and small and 
large ground terminals with differing communication requirements can parti¬ 
cipate at the same time. This is in fact the reason that the developing coun¬ 
tries which cannot afford extensive microwave or cable system will find satellite 
system an inexpensive substitute. To obtain such multiple access, the trend 
in repeater configurations has been to the linear wideband translator that can 
handle an eritire 500 niegacyles per sec. common carrier band. In the future 
global system the multiple access technique being used is frequency division 
multiplexing. 

Ground stations 

The design of ground antennas and ground terminal equipment will have 
* g«>»t effect on due performance of eonunumcationa by satellites. The steer- 
aide fUnttqna system teqaired for non-stationary orbits- are mate ex [p en sive 1 
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than the stationary antennas required for stationary orbits. The latter cost 
only about one-third to one-half as compared with the former system. The 
INTELSAT agreement calls for joint ownership of the satellites by member 
countries whereas each member country will own its ground stations. 

It has been estimated that 80 to 100 new ground stations will be needed 
over the next *ew years (vide Fig. 5). Each ground station will cost about 
Rs. 21 millions or more. As a result of this a number of companies both in 
the U.S.A. and Britain are trying to specialize in the building and installations 
of these stations. 



Most of the ground stations are being built having reflecting bowl 85 ft. 
in diameter for commercial use. This is the minimum size necessary to satisfy 
a receiving performance figure of merit recommended by INTELSAT: 

Ae rial gain _ 

System noise temperature in °K. 

expressed in decibles. A typical figure for an 85 ft. diameter aerial bowl, 
British design station (Fig. 6) is 40.7 dB with 5° aerial elevation at the reception 
frequency of 46 gigacycles per sec. The basij problem is, of course, the strictly 
limited radiated power from the satellite and the irreducible noise level of the 
system (sky noise plus man-made radio interference plus receiving equipment 
noise). In practice this means that the aerial bowl should be 85 ft. in diameter 
to collect sufficient RF energy from the satellite, the station sould not operate 
with an aerial beam lower than 5° elevation and the system noise temperature 
must be brought down to 50° to 60° K. 

5 
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Fig. 6 

A typical ground station aerial bowl 

Where special requirements are concerned such as for military communi¬ 
cations (where the ground stations are to be mobile) smaller stations with 
antenna diameters 6 to 60 ft. are being constructed. Channel capacity will 
vary from 1 voice channel with a 6 ft. dish to four voice channels with a 40 ft. 
dish. 


The International Radio Consultative Committee (CCIR) has recommen¬ 
ded a channel quality of 50 dB — - —— \ for satellite systems. To obtain 

Noise V N / 

this quality an effective ratio of carrier power to receiver noise temperature 
of-172.7 dBW per °K. is required for a single channel. On the basis of this 
calculation, the satellite erp required per channel is shown as a function of 
antenna diameter in Fig. 7. 

Sample calculations for 85-ft. antcuna are shown in the Table below. 


Table 


Calculation of erp of satellite in synchronous orbit for one CCIR voice channel 


Effective carrier power to receiver noise 'j ^ ^ 
temperature for 50 dB quality j °K. per channel 
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saasf 

Tf= 60 DB 

Uncooled paramp 
i^total=l75° k) 



15 20- 30 40 5060 80100 

Antenna diameter, ft* 

Kg. 7 

Satellite erp vs. antenna diameter 


Add losses 


175°K. 

(uncooled/liquid H 2 PARA-AMP) 

= 20 dB/22.4 dB 

(ii) Ground-to-spacc noise contribution 

= 1.0 dB 

(iii) Intermodulation degradation and 
reduction in powder due to it 

= 4.2 dB 

(iv) Rain margin 

= 4.0 dB 

(v) Space loss 

= 196.9 dB 

Total losses 

= 226.1 dB/228.5dB 

Add ground antenna gain"(85 ft. antenna 
50% efficiency) 

= 58.1 dB 

Nett losses 

168. OdB 
~ 170.4 dB 

Erp requiredjper channel 

= 4.7 dBW/—2.3 dBW 


Fig. 8 represents the required ground transmitter power per channel as 
a function of antenna diameter calculated on similar lines. 


7. Communication satellites for military uses 

The communication satellites for military uses have more stringent con¬ 
ditions of operation as compared to the commercial ones because they should 
provide exclusive access to satellites, security of communications, uninterrupted 
and reliable operations at all times and under all conditions (even during 
nuclear black-out of high frequency radio) protection against jamming and 
they should be capable of working with relatively smaller and mqbile ground 
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stations. As regards the channel capacity the military communications sys¬ 
tems require relatively small channel capacity between a large number of stations 
rather than follow the commercial long haul approach of supplying a large 
trunk capacity between fewer stations. 


*4r ,,tter - 


Ground _ __ 

power per CClfi voice channel 
antenna diameter 


^=50DB 



10 15 20 30 405060 

Antenna diameter, ft. 

Fig. 8 

Power required for ground transmitter vs. antenna diameter 


With the above requirements in view the U.S. military authorities have 
begun a project (initial defence communications satellite project) of launching 
about 22 ’.satellites in a near-synchronous altitude. These satellites will be in 
several altitudes in the vicinity of 21,000 miles. Fifteen of these have already 
been launched in two phases. At this altitude an earth station located at 35° 
latitude would view the same satellite for about days. 

The random orbital configuration has been chosen to provide two im¬ 
portant advantages. 

First it assumes that if one satellite malfunctions another satellite will even¬ 
tually be in a place to provide communications capability. Secondly, the 
satellites can operate without station keeping controls, thereby preventing an 
enemy from changing the orbit of the satellites and disrupting communications. 

As regards communicadon reliability, it depends heavily on the number* 
of satellites in orbit. It has been found that reasonable reliability will be 
attained with 15 satellites. Reliability will be almost 100% on the link Hcel- 
mano, Hawaii to Camp Roberts. Reliability will be 93% on west European 
link. 

The satellites are operating as real time repeaters receiving signals at 
some classified frequency in the band between 7.975 and 8.025 gigacycles per 
sec. and transmitting the signals between 7.250 and 7.300 gigacycles per sec. 

The antenna used in the satellites is omnidirectional with respect to the 
spin axis. It has a beam width of 25° in the other direction. Spin stabili. 
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zation will maintain the satellite’s axis normal to the plane of the orbit. A 
large portion of energy is radiated into space due to the antenna being omni¬ 
directional with respect to spin axis. 

The satellite will require 26 watts of power. Over 8,500 solar cells moun¬ 
ted on the surface of a 3-ft. diameter satellite will initially supply about 42 watts. 
The solar cells’ efficiency will slowly decrease with time. The power system 
has done away with batteries for more reliability. 

The satellites permit multiple access by a number of ground stations. 
However, no ground station can use a satellite unless it is schelduled. United 
States has offered to its NATO partners the opportunity to participate in 
communications via these satellites. The ground stations being set up are 
using smaller antennas 6-60 ft. Standardized air transportable ground stations 
using 40 ft. antennas are being developed by the U.S. firm, Hughes Aircraft Go., 
and the British lirm, Marconi. The Hughes built station can be air trans¬ 
ported and set up on a prepared site by a 27-man staiion crew in 48 hours. 
The Cassegrain antenna contains a four-horn-feed that permits the terminal to 
track the satellites signal by simultaneous lobing (monopulse) techniques. 
This terminal station can transmit or receive at least four high quality voice 
channels and lour tele-type messages. A high quality channel has a signal to 
noise ratio greater than 53 dB. 

A more transportable terminal that uses a four-dish cluster with a total 
outside diameter of about 15 ft. is in development. These antennas are also 
able to track the satellite. Each terminal can be air-lifted and set up by a six 
man crew in about two hours with a minimum of site preparation. The ter¬ 
minal is valuable for remote areas and for emergency operation and will pro¬ 
vide one tactical quality voice channel, = 30 dB, 64 duplex telegraph chan¬ 
nels or four-vocoded voice channels. 

A vocoder reduces the voice bandwidth by transmitting only those fre¬ 
quencies in the speech signal that will allow the speech to be reconstructed at 
the receiver. 

One of the aims of this project is to gain information and experience for 
design of an advanced system (ADSCP) in early 1970s. No details of this 
presumbly highly sophisticated system have been releeased although it is 
known that it would provide highly secure, many wide band mobile communi¬ 
cations channels. Probably the satellites would be both synchronous and 
fully stabilized for maximum erp. 

An area of growth necessary in military systems will be anti-jamming 
capability and message security as pointed out earlier. This will possibly be 
achieved by using data processing in the satellite. Two future possibilities 
are direct signal processing which means extracting signal from the jamming 
and noise, and commanded antenna switching, permitting a transmitter to 
ipsilrg* the satellite aim high-gain beams at particular localities. This would 
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of course require thousands of added parts compared to less than a thousand 
now in a simple repeater. 

8. Conclusions 

The growth of trunk traffic in India is taking place at a very fast rate. In 
Bombay city alone the present rate of daily trunk calls is about 8,000 and it 
has been estimated to go up to 120,000 by the end of the Fourth Plan ( vide 
report published in the Times of India dated July 30, 1967). There is a plan 
to cover about fifty major cities by direct dialling system. Satellites offer vety 
attractive prospects to meet these growing requirements effectively and eco¬ 
nomically. 

As regards the international traffic, India is one of the members of IN¬ 
TELSAT. One ground station is already being set up at Ahmedabad and 
one or two more are proposed by 1970s. Whereas this might cater for the 
growing international traffic in, addition to the already existing high frequency 
links, the problem still remains for the growing domestic traffic. 

The talk about putting up large capacity synchronous satellites for do¬ 
mestic services in various countries is gaining such a momentum tjjat some of 
the countries like the U.S.A. might have such a satellite in the next two to three 
years with circuit capacities ranging from 3,000-12,000. 

Studies have been conducted on the effects of individual nations putting 
up their own domestic communications satellites and it has been found that 
such systems would not necessarily interfere with global communication net¬ 
work, or communications links of the near by countries. The Hughes Air¬ 
craft Co., which has conducted a number of studies in this area, say, Japan for 
example, could put up its own satellite and not illuminate China or even Phil- 
lipines with its signal. 

Once a multiple satellite is an operational success it will be useful for India 
to go in for such a satellite. Such satellite could be put in a synchronous orbit 
and illuminate the territorial limits of India alone. Such a satellite would 
provide one or two television channels in additon to the voice channels needed 
to meet the increasing traffic. 

This would mean the growth of television services could be much faster. 
With a few broadcast stations the entire country could be serviced with tele¬ 
vision broadcast either by a network of ground stations or by direct television 
broadcast depending on the system employed. International television chan¬ 
nels could also be used to broadcast programmes from other countries. 

The need for reliable and secure military communications cannot be over 
emphasized. A country like India with its border, stretching 2,000 miles, 
a few channels for long distance secure communications are required to handle 
military traffic. Some of the channels could be leased off for exclusive military 
use from this multipurpose satellite. This would workout more economical 
than setting up conventional micro wave links which are more prone to dis¬ 
ruption by sabotage than satellites. As regards the security and anti-jamming 
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facilities of communications for military use it may be pointed out that the 
suggested satellite would only be accessible to ground stations with in the 
country and the chance of jamming by any potential enemy are considerably 
reduced. Messages of course would have to be coded (in cases where secrecy 
is involved) while making use of such a satellite. 
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Summary 

In this paper the different methods of decoding and detection of pseudo¬ 
random (P.R.) codes used in wide-band communication and the relative 
advantages arising out of them are discussed. 

1* Introduction 

It is known that PR sequence can be used for ranging application, time- 
modulation, binary modulation and M -ary modulation epecially in the cases 
when signal-noise ratio (SNR) is quite low. Such sequences find an impor¬ 
tant use in random access communication systems (Fig. 1). 

The M-ary modulation technique will be considered in this paper. In 
this technique, one of the M alternative sequences is transmitted according to 
state of the message source. The receiver decides which of the M sequences 
has been transmitted. It is important to observe that decoding is consider¬ 
ably more difficult than coding. It is therefore considered worthwhile investi¬ 
gating how the complexity of the decoder may be reduced. 

2. Coding of the sequences 

The signal to be transmitted which may be in the form of analogue signal 
or digital data is first converted into binary code by an analogue digital con¬ 
verter or a pulse code modulation (P.C.M.) coder. This coded signal is then 
used as the initial condition of a sequence generator. The minimum length of 
the sequence will obviously be determined by the number of digits in the P.C.M. 
In a 5-bit P.C.M, for example, the length of the sequence is clearly 2 6 —1 =31. 

(i) Parallel decoder 

In such a system the received input signal is multiplied with all the 
possible sequences simultaneously. The product is integrated, the integrated 
output is then sampled and the samples are fed to a decision circuit to deter¬ 
mine the maximum. Fig. 2 shows the block diagram of such a system. 

The selection of amplitude corresponding to which the value of the pro¬ 
duct is maximum may be achieved by providing common degeneration com¬ 
bined with an individual amplitude dependent regeneration to a set of ampli¬ 
fiers. This accentuates ti e difference in level between the outputs of different 
lines. This may further be improved by biasing the amplifier with the average 
of the outputs to eliminate all but the largest component. 

♦Presented at the Symposium on ‘Modem Electronic Communication Techniques* held 
in Hyderabad on August 26, 1967. 




MUfcHfiSjEfc : DECODING OF PSEUDO-EANDOM CODED SEQUENCES 263 















264 


THE INSTITUTION OF ENGINEERS (INDIA) 


Such a scheme is rather impractical when the length of the sequence is 
large. For example, we may consider a 5-unit code of length 31. If all the 
possible 31 sequences are transmitted, then as many multipliers, integrators and 
samplers would be required. The maximum amplitude selector will also need 
31 amplifiers with common degeneration. The number of multipliers, in¬ 
tegrators and samplers can be reduced to one only whatever be the number of 
the possible sequences if we adopt the following technique instead. 

(ii) Serial decoding 

The testing in such cases is done one after the other, i.e t> serially. For 
such a serial scheme since all the correlations are to be completed within one 
symbol period, both the received signal and the reference sequences must be 
compressed in time by a factor equal to the number of sequences being used. 
For a 5-unit code of length 31, the compressed sequence of 31 bits will have 
to occupy a time period equal to the original bit period. The other point to 
be noted is that the received sequence be made to repeat as many times in one 
symbol period. So a delay line type circulator has been used. After all the 
sequences are tested the delay line must be discharged. And so during coding 
process a time gap is kept between two sequences for the discharge of the delay 
line. The block diagram is shown in Fig. 3. The outputs of the*multiplier 
are integrated and tested for maximum amplitude. 



Fig. 3 

A serial decoder 

Maximum amplitude selection 

The aim here is to select the sequence corresponding to which the value’of 
the product is the maximum. The method for determining the 
amplitude (Fig. 4) is to reset a voltage sawtooth with matched filter output 
sample. The input pulses are applied to a peak charging diode, the input is 
then compared with the peak charging device. This will give an output (a short 
pulse) when the input is greater than the peak charging device. This short pulse 
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is used to reset the sawtooth generator. The synchronous voltage of the sawtooth 
generator is obtained from a B.R.F. generator. Thus if the time of occurrence 
of a particular receiver sequence is known then a relation can be established 
between the amplitude of the sawtooth and the receiver sequence. The maxi¬ 
mum value of the product will then give us the idea of the sequence received. 



Fig. 4 

A maximum amplitude selector 


Time compression 

It has been discussed earlier that the sequence received is to be compressed 
in time to the extent of original bit period. The block diagram of the scheme 
employed is shown in Fig. 5. 



Fig. 5 

Block diagram of a time compressor 
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Let a simple sequence of length 7 be considered, the structure being 
11-11-1-11. A sample of the bit is taken at the end of each bit period. The 
gating pulse is applied from a ring counter of order 7. The sampled ampli¬ 
tude are then ‘hold*. There is another ring counter shown (B u ) which gives 
pulse at the rate of 7 times the P.R.F. of the first set of ring counter. This is 
used to sample the hold output again thus we see that after a repetition of 7 
bits the desired sequence is repeated in a time corresponding to one bit period. 
The other bit period contains the time shifted replica of the same sequence. 

The other method of time compression uses a delay line. The loop 
[Fig. 6 (i)] stores and compresses the signals as they arrive and has available in 
the compressed form an output at any time during the operation. The loop 
consists of controlling ‘AND 5 gates and a delay section. The signal passes 
‘AND’ gate 1 only when a sample pulse coincides. The complement of the 
‘AND 5 1 sampling pulse controls the gating action of ‘AND’ gate 2 at its inhibit 
input. This is a re-circulation gate which, with the 1 megacycle per sec. clock 
pulse, allows the content of the delay line to re-circulate continuously between 
sample pulses. When the next sample pulse arrives to enter a new signal bit 
the inverted replica of the sample pulse gives a proper signal at the inhibit input 
to the recirculating gate to inhibit the gate for the duration of the sample pulse. 
This action allows a new data bit to enter the delay line while the oldest data 
bit in the line is erased simultaneousaly at die re-circulating gate. The time 
relationship of waves and pulses of Fig. 6(i) is shown in Fig. 6 (ii). A portion, 
T, of the signal is sampled at T intervals. The loop accomplishes compression 
by the following sequence. The delay line receives sample a, a One, which 
undergoes a complete circulation of the loop. One micro-sec. after re-circula- 
tion sample b (a Zero) is inserted alongside sample a. Both the samples circle 
the loop. One micro-sec. later, sample c is inserted alongside sample b. This 
process continues filling the line with pulses that represent the polarity of the 
signal at the time of sampling. This process compresses T, the interval be¬ 
tween pulses to the clock interval; for example, 1,000 micro-sec. becomes 1 
micro-sec. In other words, g samples are compressed into time T. After the 
storage line is filled the oldest sample is continuously replaced by a new sample. 
Thus, the stored information is constandy up-to-date. 

The advantage obtained in such cases is the reduction of the cost of equip¬ 
ment and simplification of circuitry. The number of multipliers, integrator 
and sampler is reduced to one only, whatever be the number of the possible 
sequences. The maximum amplitude selector is also quite simple compared 
to one that is used in the ca*e of parallel detection method. This is achieved 
only because the amplitudes are occuring after a regular time-interval. 

The only disadvantage of the system is that the circuitry must be quite fast, 
(iii) Sequential technique 

The correlation function of the P.R. sequence does not give any indica¬ 
tion of the time shift required for the local replica to bring about coincidence 
when it is outside the working zone. The method discussed earlier is thus 
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based on trial correlation of all the possible sequences and select the maximum 
amplitude of the correlator detector. The acquisition time in such cases is 
rather high compared to the information bits. When the SNR is sufficiently 
high the number of trials may be minimized to a gieat extent if the code is 
made up of several short sub-codes. 




Fig. 6 

Block diagram of a time compressor 

In analyzing a sequence it is seen that the sequence is determined by the 
initial condition and these are the first five bits of the sequence in case of se¬ 
quence of length 31. In this technique the first five received bits are used as 
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the initial condition of a receiver sequence generator. This is correlated with 
receiver sequence to see whether the estimate is correct. If the agreement is 
not good fresh data may be introduced and the process repeated. The data 
obtained in different trials may be investigated to obtain the decision about 
which sequence is transmitted. The advantage of this system is a very small 
acquisition time. The length of the trial is kept above a certain threshold to 
avoid false dismissal or false alarm and it depends solely on input SNR. 

3. Conclusion remarks 

Detailed experimental investigation is being conducted on serial and 
sequential detection techniques to simplify the circuitry and reduce the acquisi¬ 
tion time. 
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Summary 

This paper briefly reviews the communication systems presently used 
in the Indian Railways and indicates the growing limitations of the existing 
methods on the face of increasing complexity of the railway networks. It 
refers to the growing use of microwave communication system in the ad¬ 
vanced countries of the world and stresses the need for introduction of this 
system in the Indian Railways. It presents a typical microwave network 
for a railway zone and discusses the various aspects of operation and effi¬ 
ciency as well as the problems associated therewith. 

1. Introduction 

The very nature of a railway zone, which can be described as a complex 
facility operating continuously over several thousands of miles of traffic, de¬ 
mands a steady flow of information and data over a wide geographical area 
apart from specifically designed direct control and feedback systems for regu¬ 
lating the movement of trains. Railways in India at present use almost every 
form of conventional communications such as, Morse telegraphy, teleprinters, 
talk-back speakers, telephone exchanges and H.F. radio, both single and 
double sideband. 

Morse telegraphy on open line wires is used for a variety of purposes: 
station-to-station messages, inter-wire between groups of large stations and 
through-wire between important junctions. The H.F. radio communication 
is provided between all divisional headquarters, divisional headquarters and 
railway headquarters, railway headquarters and Delhi, and between divisional 
headquarters and important stations. Mobile vans carrying H.F. transmitters 
and receivers arc available at all divisional headquarters for meeting emer¬ 
gencies. The. wireless equipment is intended for the transmission of data, both 
wn C.W. and R.T., which is vital for the control of freight and coaching stock 
and for routine managerial tasks. 

A train traffic control system, in its simplest form, uses a pair of copper 
wires to provide an omnibus speech circuit for the controller at the divisional 
headquarters to communicate with every Station Master on a section which 

•Presented at the Symposium on ‘Modern Electronic Communication .Techniques/ held in 

Hyderabad, on August 26, 1967, 
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may vary in length from 100 to 350 miles. The controller is provided with 
selective calling apparatus based on a total code principle which employs posi¬ 
tive and negative pulses at 3£ cycles per sec. A similar omnibus circuit is 
also provided for linking stations of operating importance with a deputy con¬ 
troller at the divisional headquarters. The main purposes of these control 
systems are to control the movementJof trains in such a manner that the tracks 
and rolling stock are put to optimum use and passenger services run to time. 

A network of trunk lines link railway exchanges at headquarters with 
similar exchanges at all divisional headquarters. Teleprinters are employed 
between marshalling yards to provide advance information of trains and wagon 
destinations to enable the receiving marshalling yard to be ready to receive the 
freight train and plan the marshalling operations in advance. Marshalling 
yards as well as large stations are provided with extensive public address equip¬ 
ment and where required with V.H.F. links. 

Other operational circuits in use are for teleprinters/facsimile, power 
control, stock control and data processing. The purposes of the stock control 
circuit is to transmit data on rolling stock over teleprinters or facsimile. This 
data in the case of the Railway Board will be received by a central computer 
in Delhi which will serve two immediate purposes: 

(i) To locate special types of wagons, and 

(ii) To decide on the best method among several alternatives of ensuring 

optimum usage of stock. 

At railway headquarters, computers have so far been used only for accoun¬ 
ting purposes. But it is only a question of time before they are extended for 
vital operating purposes. In any event whatever be the data processing system 
adopted, the need for a completely reliable and efficient system of communica¬ 
tions for data transmission can only be provided in the UHF and SHF ranges 
and by using on an extensive scale teleprinters and facsimile. 

2. Microwave communications system 

The HF spectrum which became overcrowded some years ago is not 
immune from atmospheric disturbances. The efficiencies of line wires which 
are expensive to maintain are subject to the vagaries of nature and indeed have 
now become much less reliable because of copper wire thefts on a large scale. 
The only economical alternative is to integrate all communications into one 
radio relay system in the UHF or SHF range. Such systems are noted for 
exceptional reliability, large capacity and when adequately planned would 
yield a good return on investment. The railways in the U.S.A., Canada, 
Japan and other advanced countries, in spite of being the largest users of micro- 
wave communications in their respective countries, are now considering the 
pros and cons of satellite relay stations vs. laser. Private microwave has already 
spread to 24,000 route miles in the U.S.A. and is expected to cover 50,000 route 
miles in another six years. The Japanese Railways with 398,497 channel 
miles are the largest single users of microwave in that country. The Indian 
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Railways too, are inevitably committed to the installation of large scale micro- 
wave networks for reasons of economy and efficiency. Microwave frequencies 
are chosen for areas where a large system capacity is required and UHF for 
areas where the demand in the near future will not exceed about 24 channels. 

A typical microwave network for a railway zone is shown in Fig. 1. It 
will be noted that the speech channels are planned on a liberal scale because 
in a railway system, time is of the essence and correspondence is expensive. 
The microwave network of each railway must fit into the networks of contiguous 
railways systems; most of the radio relays must inevitably follow the railway 
route; and operational requirements demand the dropping of channels at 
several points along the route. The same system, therefore, must provide for 
both short-haul and long-haul communications and this calls for some ingenuity 
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in design. One of the various solutions is to employ the leak principle, Le., 
at repeating stations, the channels to be dropped would be allowed to leak 

g 

through so that the ratio of the long-haul circuits is within the acceptable 

limits. Various other solutions to the problem of integrating short-haul with 
long-haul circuits are under consideration. 

An important operational circuit is the radio patching of section and 
deputy controls in which the line wires cannot be eliminated altogether, be¬ 
cause of the very close spacing of railway stations. Radio patching as con¬ 
ceived at present and shown in Fig. 2 implies the use of radio channels for 
dummy lines, feeding the line at an intermediate point as well as at the remote 
point. Conversations would take place over radio most of the distance but 
on line wires over the last lap which will be limited to about 50 miles. When 
faults occur, line wire terminations will be switched to isolate the faulty section. 
The technical problems that would arise from radio patching are obvious: 

(i) Conversion from 4-wire radio circuits to 2-wire line wire circuits would 
have to be carefully designed; and 

(ii) Compatibility with the present selective calling system and arrange¬ 
ments for ensuring that the ringing tone is fed back to the controller. 

The UHF relay systems will be employed in areas which do not warrant 
the use of more than 24 channels. The frequencies employed for the micro¬ 
wave are in the 7 kilomegacycles (kmc) per sec. range and for UHF in the 400 
megacycles per sec. range. Each frequency in the 7 kmc range can yield as 
many as 960 audio channels although, in the first instance, the railways would 
not require more than about 120 channels. It will, of course, be possible to 
double these figures by using special equipment. Recent research has shown 
that the 400 megacycles per sec. band has some peculiar properties which make 
it eminently suitable for railway purposes. 

The teleprinter is at a handicap where the transmission of figures are in¬ 
volved because of the inherent limits of the Murray code which does not provide 
for redundancy and as a result every mutilated coding element may form an 
accepted character. Error correcting code systems are unfortunately expen¬ 
sive and, therefore, facsimile must replace teleprinters in due course. In facsi¬ 
mile transmission a message may be blurred or slightly distorted but one trans¬ 
mitted character cannot reproduce an unintended character. 

The use of teleprinters will be restricted to reservation messages and, in 
a well planned network, for replacing the typewriter in the office by a tele¬ 
printer system. The signed draft when typed in a teleprinter will automatically 
be transmitted to the next office, and in each office the carbon copy would 
become the record copy. The despatch section m a divisional office will then 
consist of teleprinters and inter-railway correspondence will never be posted 
by train. In the zonal headquarters teleprinter messages can be directly 
routed to die respective departments via a manual teleprinter exchange. Dra¬ 
wings and tabulated statements can be dealt with in a central office at 
quarters, tat., facsimile. 
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The final choice of a radio relay system would depend not only on the 
initial cost but also on recurring costs and obsolescence. The first type of 
obsolescence is the equipment wear out, in which the life of the equipment is 
reduced by a breakdown of the unit or the system itself. Transistorization has 
been a significant factor in making the wear out factor unimportant. First 
costs depend on how the system is laid out especially the position and types of 
repeaters of various links. Where a large number of channels are to be used 
for operational circuits, the repeaters may have to be of the modulator/demo¬ 
dulator type, rather than heterodyne. But this has an important bearing on 
the noise performance of the system. The C.C.I.R. has laid down certain 
guidelines in this regard. 

The hypothetical reference circuit established by the C.C.I.R. provides 
a standard for systems engineers and equipment designers. This circuit is 
2,500 km. (1,550 miles) long, divided into 9 equal sections of 6 hops, each inter¬ 
connected at base band frequency, resulting in 9 modulation/demodulation 
processes in 54 hops. The recommended limitation for radio equipment, 
excluding multiplex of the mean noise power in any hour is 7,500 picowatts, 
sophometrically weighted. Breaking this down further, each section is 173 
miles long consisting of six 28.8 mile hops, the noise power for each section being 
within 833 picowatts. The six feeder sets will introduce 150 picowatts while 
the group delay equalization network may account for 100 picowatts. Each 
modulator/demodulator may contribute approximately 37 picowatts. Sub¬ 
tracting, this leaves an allowable contribution for six repeaters of 546 pico¬ 
watts, or 91 picowatts per repeater. This hypothetical system cannot, of course, 
match a real life system, but it provides a basis for comparing the equipment 
performance against the C.C.I.R. recommendations. A modulator/demo¬ 
dulator repeater cannot normally measure up to this demand, while a hetero¬ 
dyne can, but it should be remembered that the recommendations are for a 
long haul system. 

In spite of the complexity of the problem of noise assessment, in most 
cases, it should be necessary to clinch only three significant parameters in order 
to determine with adequate precision the limits of noise performance which a 
microwave system will have to cope with under actual operating conditions 
taking into account the effects of both fading and busy hour loading. These 
parameters are : 

(i) Receiver input level at which the noise in the worst derived voice 

channel reaches 631,000 picowatts; 

(ii) The required &de margin in decibel, dB. This affects noise per¬ 

formance since it determines what the receiver median input level 
corresponding to non-faded condition must be. Addition of fade 
margin and threshold level gives median input level; and 

(iii) Noise in the worst derived voice channel with median input to the 

receiver, measured with the radio base band loaded with white 
noise power equipment to the busy hour load for the full channel 
capacity of die system. 
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There is wide agreement that 631,000 picowatts (30 dB), should be the 
value at which a voice channel should be taken out of service, and 42 dB should 
be taken out of service, and 42 dB should be the typical value easily achievable 
with conventional microwave and antenna for fade margins. However, it 
should be reiterated that these two parameters are characteristics of the indi¬ 
vidual hops rather than the system. The third parameter is the one which 
describes the day-in and day-out noise performance of the system. The most 
important contribution to this parameter is intermodulation distortion. It is 
in this case that the real objectives of the system are yet to be stipulated. This 
is an important area of decision for the users and manufacturers alike, for it 
seriously affects the cost of* the system as well as the scope of the technical prob¬ 
lems that have to be solved. 

It may be relevant in this case to consider the practices adopted in tele¬ 
phone systems for guidance in this respect. Telephone systems make a dis¬ 
tinction between long haul and short haul systems with the dividing point at 
about 200 miles. G.G.I.R. and Bell systems provide guidelines for short-haul. 
Both these systems treat permissible noise for a system longer than 200 miles 
as directly proportional to length. The G.G.I.R. system allows 3 picowatts 
per Km. for microwave contribution and 1 picowatt for carrier contribution, 
making a total of 4 picowatts per Km. for the complete system. In terms of 
miles, this would mean 4.8 picowatts per mile for microwave alone and 6.4 for 
microwave and multiplex. The Bell system provides for 6.3 picowatts per mile 
as compared to. G.C.I.R’s 6.4 picowatts per mile. It would, therefore, be seen 
that as far as long-haul systems are concerned, both the recommendations are 
almost identical. For short-haul systems, the practice is quite different. The 
usual method is to specify signal noise for such systems regardless of the 
number of hops. This figure is at present 2,000 picowatts for microwave plus 
multiplex noise, or, 1,500 picowatts for microwave alone. This would give 
7.5 picowatts per mile for a maximum length system of 200 miles, 15 picowatts 
per mile for 100 miies system and even more for shorter systems. 

It will be noted from the above that the 7.5 picowatt per mile figure for the 
most stringent case in short haul system is only 2 dB less stringent than the 4.7 
picowatt per mile for long haul. But for system planning, the important cri¬ 
terion is the picowatts per hop, since the microwave noise power is approxi¬ 
mately proportional to the number of hops rather than to the number of miles. 
Hence if the long haul standard of 4.7 picowatts per mile is considered, one 
would get 117.5 picowatts for a 25-mile hop, another 141 picowatts for a 30-mile 
hop, and 188 picowatts for a 40-mile hop. On the bais of short-haul figures 
of 7.5 picowatts per mile, the above would be 187.5, 225 and 300. 

Reverting again to the C.C.I.R. recommendations for actual circuits, no 
recommendations exist for sections shorter than 250 km. But it is stated 
that in conjunction with the length L, greater than or equal to 250 km. noise 
power shall not exceed the mean value 3 L picowatts per km. at zero relative 
level within any hour of the month, and also 47,500 picowatts must not be 
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exceeded for more than 




of the time of a month which is purely 


a design objective. 


However, these figures do not have any real meaning unless one is able 
to subjectively rate the noise power value and a ‘feel’ for this value could be 
obtained by a reference to the levels of noise power in telephone transmission. 
The details are given in the table below. 


Noise power at zero relative 
level, picowatts 

Subjective impression in the telephone . 
receiver of subscriber 

10,000 

Noise just noticeable 

100,000 

Noise still allows voice communica¬ 
tion even with soft talkers. 

1,000,000 

Noise very much in evidence and 
voice communication is affected 


3. Conclusions 

% 

It may, therefore, be stated that although microwave systems standards 
are established by the telephone industry providing the basis for establishing 
adequate performances, the distinction between short-haul and long-haul 
requirements becomes valid for private industrial communication networks. 
Unless a short-haul • system is eventually to become a part of long-haul 
system, there is no need to set a standard higher than 2,000 picowatts for an 8 
hop systeqi or an average value of 250 picowatts per hop. 

Since channel dropping systems are to be used extensively in railways, 
back-to-back repeaters, as already stated, have a positive advantage, since 
full base band is available at every point. If the criterion is relaxed to 7.5 pico¬ 
watts per mile, the requirements can be met fairly easily with this type of re¬ 
peaters. Again in. operational circuits, it is to be remembered that every cir¬ 
cuit will be a composite one with a radio bearer line and a physical line, the 
latter being an omnibus telephone circuit with a number of tappings. The 
overall noise leycl will, therefore, be determined by the line wire. 
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Summary 

The characteristics of speech energy and a method of compressing the 
same is explained with special reference to speech communication. The 
COMPANDOR is introduced and the process by which it increases the 
signal-io-noise ratio and eliminates cross talk is dealt with at length. An 
expression for the noise advantage obtained due to the use of Compandors 
has been derived. The possibilities of application have been outlined, and 
two typical circuits , one a valve version and the other a transistorized version , 
of compression-expansion systems are studied. It is shown that the Com¬ 
pandor offers toll quality speech transmission over lines which otherwise 
could not have been used either due to the noise content or due to near-end 
cross talk. 

Part 1 : The principles 
1.1. Introduction 

A survey of the field of electrical communications reveals that progress in 
this field was mainly a relentless fight against interference caused by noise and 
cross talk. The development and use of a device, known as a COMPANDOR, 
has made possible quality voice transmission over telephone circuits which 
otherwise would have been unsuitable because of either excessive noise or 
cross talk. This paper is a general introduction to COMPANDORS. It 
includes a brief discussion of their theory, circuitry and application. 

1.2* Characteristics of speech energy 

In all voice transmission systems sound energy is first converted to elec¬ 
trical energy. The resulting electrical signal consists of a complicated wave 
made up of tones of different frequencies and intensities. When designing a 
voice transmission system it is these fundmental signal characteristics of speech 
that must be considered. 

The volume or intensity range depends on two factors: 

(i) The talker; and 

(ii) Hie words or syllables spoken. 

The average talker produces an intensity range of 30 dB to 40 dB. However, the 
difference between the loudest syllable of a loud talker and the weakest syllable 
of a soft talker can be as much as 70 dB. 

‘Presented at the Symposium m ‘Modem Electronic Communication Techniques*, held 
in Hyderabad, on August 26,1967. 
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Intensity ranges of such magnitudes present a serious problem to trans¬ 
mission systems design. The weakest signal must be amplified and trans¬ 
mitted at a level higher than noise and cross talk likely to be encountered in 
the transmission path. At the same time the strongest signal must not over¬ 
load the amplifier used. These factors set the upper and lower limits of the 
power range that can be handled. System with a wide intensity range of 
signals and also noise and cross talk protection are not always practical or 
economical. ‘ 

The necessity of a system which can oevercome the effects of noise and 
cross talk cannot be overstressed. , The search for such a system ultimately, 
yielded a device called the f COMPANDOR*. 

1*3. The Compandor 

A Compandor consists of an intensity range compressor and an intensity 
range expandor, from which its name is derived. The idea of speech com¬ 
pression and expansion was not new. The technique existed in a restricted 
form in the field of recording and reproduction of disc records, to give them a 
greater dynamic range. But extensive use of the compandor in voice communi¬ 
cation systems is relatively recent. «w 

The compressor section of the Compandor compresses the intensity range 
of the input speech signals by amplifying the weak signals more than the strong 
signals. At the receiving end, the expander section performs the opposite 
function and restores the original range of intensity. 

1.4. Principle of the Compandor 

The Compandor consists of two devices: the compressor at the trans¬ 
mitting end and the expander at the receiving end of the same circuit. The 
basic block diagram of the Compandor is shown in Fig. 1. 
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Speech signals entering the compressor pass through a variable loss device, 
called a ‘variolosser’ and reach the amplifier. A part of the speech energy out¬ 
put of the amplifier is fed to a control circuit where it is rectified. The result¬ 
ing direct current is applied to the variolosser circuit and controls the amount 
of signal attenuation. The amount of this D.G. feedback is directly propor¬ 
tional to the input speech energy. For weak signal inputs the control current 
fed back is small and the attenuation of the variolosser is small. If the input 
speech energy increases, the attenuation of the variolosser increaes in direct 
proportion. This results in compression of the speech energy range. 

In the expandor, a portion of the input speech energy (rather than the 
output energy as in the compressor) is fed to the rectifier control circuit which 
provides the direct current control signal to the variolosser. The attenuation 
of this variolosser is inversely proportional to the level of the D.G. control signal. 

The expandor thus introduces a loss which is inversely proportional to the 
level of the input speech energy and equal to the gain introduced by the com¬ 
pressor. This action, being complementary to that of the compressor, res¬ 
tores, to the speech signal, its original intensity range. 

The performance of a compandor depends on three factors : 

(i) The compression-expansion ratio; 

(ii) The companding range; and 

(iii) The attack and recovery times. 

1.5. Compression-expansion ratio 

The degree to which speech energy is compressed or expanded is expressed 
by the ratio of the range of input power to the range of output power (expressed 
in dB). With this definition the compression ratio is always greater than 1 
and the expansion ratio is always less than 1. For undistorted transmission 
it is obvious that the product of the compression and expansion ratios must 
be equal to 1. 

Proper selection of these ratios involves a compromise. While a large 
compression ratio will give a large signal-to-noise ratio, it is likely to magnify 
minor irregularities in performance and therefore cause distortion. But if the 
compression ratio is too small the range of speech energy will not be sufficiently 
compressed to realize the signal-to-noise ratio that the system is capable of 
giving. A compression ratio of 2:1 and an expansion ratio of 1:2 provides 
satisfactory performance of compandors used for telephone transmission. 

1*6* Companding range 

Theoretically companding action must occur over the entire intensity 
range of speech energy. Distortion will occur if the companding range is less 
than the intensity range of speech signals. In practice however a companding 
teo&s of 50 dB to 60 dB is adequate to keep distortion within acceptable limits 
and to provide sufficient signal to noise ratio. Either very high or very low 
signals present outside this range are few and can be attenuated without loss of 
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The effect of a Compandor, with a 2: 1 compression ratio, on various power 
levels is shown in Fig. 2. It will be seen therein that compression and expan¬ 
sion occur around a level of + 5 dB. This is called the unaffected level or the 
focal point. Speech energy at this level passes through the compressor and 
expandor with zero loss or gain;».«., unaffected by companding action. 



Effect of a Compandor on various power levels 

Fig. 3 shows the input power vs. output power relationship for the com¬ 
pressor, expandor ‘and the compandor as a whole. The focal point and com¬ 
panding range are clearly shown. 

The maximum noise advantage is obtained if the focal point coincides with 
the highest level of the companding range. When such is the case, all speech 
levels below the focal point will be amplified by the compressor (and attenuated 
in the expandor). A raise in the mean power of the signal being fed into the 
transmission line will occur. This may increase intermodulation noise mid 
also cause overloading. The focal point is, therefore, kept 10 dB to 15 dB 
below the top of the companding range. Actual choice of the focal point will 
depend on die noise advantage denied and the power level that the particular 
system capable of handling. • 
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Relationship of Input vs, Output power for a Compressor 

Attack and recovery times 

If the gain or loss of a Compandor used in a speech transmission system 
varies instantaneously with a change in input signal considerable distortion 
will occur. To avoid this, the time constant of the Compandor is set so that the 
gain or loss varies as a function of the speech signal envelope and not the in¬ 
stantaneous amplitude. The gain or loss is thus controlled by syllabic varia¬ 
tions of the input signal and not by individual speech peaks. 

The attack time is defined as the interval between the instant when the 
power of a test signal, applied to the compressor input, is increased from —16 
dBMO to —4 dBMO and the instant the output voltage envelope of the 
compressor reaches 1.5 times its final steady-state value. 

The recovery time is defined as the interval between the instant when the 
test signal is reduced from—4 dBMO to—16 dBMO, and the instant when the 
compressor output voltage reaches 0.75 times its final steady-state value. 

Similar definitions apply to the expandor. 
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Attack and recovery times of 3 milli-sec. and 13.5 milli-sec. respectively are 
normally used. If the attack and recovery times are short, modulation pro¬ 
duets may cause distortion. Long attack time can mean mutilation of the 
initial parts of the syllable. If the recovery time is too long the full loss of the 
expandor will not be inserted between syllables and noise quieting is not 
achieved. The recovery time must be short enough for the compressor to 
operate at the syllabic rate, i.e. to recover between syllables of words. 

Irrespective of the attack and recovery times actually adopted it must be 
ensured that the attack and recovery times of the compressor and expandor 
coincide exactly. This will avoid overshoots. 

The attack and recovery times are some times referred to as operate and 
release times respectively. 

1.7. Noise advantage 

The effect of a Compandor on the signal-to-noise ratio in a typical speech 
transmission channel is shown graphically in Fig. 4. It compares the operation 
of two carrier channels : Fig. 4 (ii) is with a Compandor and Fig. 4(i) is without 
the same. For explanation, a line noise intensity of —51 dBM is assuthed to 
exist at the input to the receiving carrier terminal. 
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N Effect of a Gompdor on the signal-to-noise ratio 

Let the Fig. 4(i) be considered. The low intensity signal starting with a 
level of—31 dBM reaches the receiver terminal at-54 dBM, »>., 3 dB fafow the 
assumed' noise power. But for intelligible transmission the signal level m*t 
he at least dB above the noise. JCm»e, in tha esuunpk, noise predominates. 
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Now consider Fig. 4(ii). The same low intensity signal is raised in level 
by the compressor by +18 dB, so that it now reaches the receiving carrier 
terminal at a level of —36 dBM, i.e., the weakest signal is +15 dB above noise 
level. Now, both the signal and the live noise are amplified 23 dB and enter 
the expandor. The noise, being weak is attenuated more than the signal. 
Therefore, the margin between the signal and the noise increases to 25 dB. 
This figure is sufficient to ensure quiet listening conditions. 


1.8* Expression for noise advantage 


Compressors and expandors may also be defined as nonlinear four ter¬ 
minal devices whose transmission factors are connected with the input voltage 
V v by the relationship, 


V % 

Vt 


= K. 




(i) 


where K 0 is the value of the transmission factor when the input voltage V t has 
the value Cu V, is the output voltage of the device and a is a regulation coeffi¬ 
cient, which, if undistorted transmission in the channel is desired must satisfy 
the following conditions: 

(i) For the compressor : a = a constant less than unity; 

(ii) For the expandor, using £ instead of a ; /? = a constant greater than 

unity; and 

(iii) a P = 1 


In the case of a linear four-terminal network a, = j8 = 1. 

From this relationship, we have the output voltage of the compressor to be 

F 2 = K„ C, [ “] ° (2) 


To this output an additional noise signal will be added before it reaches 
the expandor input. We shall assume that there is no inherent noise in the 
compressor input or the compressor itself. Then, if V is the noise voltage in 
the channel, the expandor input voltage V 8 will be 

F, = V (Kci v t ) * + F* (3) 

where K,j is a coefficient of the transmission line. 


The expandor output voltage V t) will be given by 

r. = k , c,[g] f (4) 

where K# is the fixed transmission factor of the expandor when the voltage C $ 
is applied to its input. 

Also, 

where Cj * C|* 
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Substituting equations (2) and (3) into equation (4) successively, we get 

1 + 


1-0 0 0 0rF 1 -ia0 

v t = C, K„I K« C, [^J 


V, 


K,, 


which may be put as 




V t = AV t . 


1 + 


yI - \L 

B Vi *\* 


where A is a constant. 

The righthand side can be expanded into a series. Assuming that V<< 
V x < which is normally the case in commercial telephony and therefore neglecting 
V 2 

the terms containing we can put the expression in the form 

V< = A V x + q 

The seeond term here represents the added noise and has a value equal to 

P _ Kpp 1 

2 KoiKocCtW-** 

Since signal and noise are independant of each other and both are random 
processes, we can write for the average value of q per min. as 


K t 


Op 


--.p _ 

q 2K 0t K M C^'O 
By a similar process the average noise per min. without a compandor can be 

K op 


I 


V* 

K 0 i K„ 
Therefore, 


min. w 

(rJ 


Noise advantage = — 




-Tin 


This expression shows that the noise advantage is a function of the com- 
presson regulation factor. 

For reasons which are beyond the secope of this paper, a = $ is regarded 
as optimum. 

1.9* Gross talk advantage 

In normal speech transmission cross talk is mostly due to the high speech 
signal peaks. The compressor reduces the amplitude of such loud signal 
peaks, thus preventing cross talk to adjacent channels due to circuit over* 
loading. 
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Cross talk advantage is also realized due to the expandor. Cross talk like 
noise, is objectionable during silent periods and is not noticeable during speech. 
Since the expandor introduces a condition of maximum loss when signals are 
not present ( i.e., only when cross talk and noise exist) cross talk and noise are 
attenuated greatly and do not disturb the telephone listener. 

Part 2 i The Circuitry 
2.1* Basic valve circuit 

Simplified circuit of a typical valve operated compressor is shown in Fig. 5 
which shows only the parts essential to compressing action. 



Simplified circuit of a Compressor 


The device consists of a conventional amplifier with the addition of a con¬ 
trol-circuit. With very small signal inputs V 2 , is ineffective due to the posi¬ 
tive bias on its cathodes from P v Once the signal reaches a certain threshold 
level rectification at V z occurs and the increased negative bias on the variable 
mu tubes V x and V 2 reduces their gain. This results in an input-output charac¬ 
teristic as shown in Fig. 6 with the compression starting at A. 

The reciprocal of the slope of the AB is the compression ratio. In practice 
the mutual conductance versus bias voltage relationship for variable mu tubes 
is such that the line AB is slightly curved; but this nonlinearity is negligible. 

To specify the shape of the compression curve, two quantities are necessary: 

(i) The compression ratio; and 

(ii) The point at which the compression starts. 
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The changing of die gain of die control circuit (gain control in Fig. 5) will 
change the starting pbint only and will have no effect on slope. If the gain 
is increased by a dB, then the compression will start at n dB lower signal level. 


Fig. 6 

Relationship between input level 
and output amplitude 


Input level (DB) 

*The changing of the bias voltage E Q> effects both the compression ratio and 
the starting point (tig. 6). An increase of E 0 will produce a higher compression 
ratio and also a higher starting level. A given characteristic can therefore be 
obtained by several successive adjustments of E 0 and the control gain. 

The values of C and effective impedance of the charging circuit decide the 
attack time. The recovery time is determined by the time constant of R and C. 

The changing of the polarity of the control voltage will give us an expan- 


Fig.7 

Relationship between input 
level and output amplitude 


2.2. A transistorised circuit 

A 2:1 compression ratio is acheived if, over the required range of signal 
levels, the control current is directly proportional to the level of the signal at the 
input to the rectifier and the gain of the variable loss network is inversely pro* 
portions! to the Control current. 

In the expander a ratio of 1:2 results if the control current is directly 
proportional to the level of the signal at life fagMSt to die rectifier and the gain 
of die variolosser is direcdy^jnsiportsDCM^ • 


dor, with characteristics as shown in Fig. 7. 
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In the circuit to be discussed, the controlled elements in the variolosser, 
both in the compressor and expandor circuits, are the A.C. resistances of the 
emitter-base junction of the germanium junction transistors. Fig. 8 shows the 
fundamental property of such a junction. 



It shows that the A.C. resistance of the junction is inversely proportional 
to the unidirectional current flowing in it. Over the control range extending 
from 10 micro-amp. to 500 micro-amp. ( i.e ., a range of over 30 dB) the A.C. 
resistance is inversely proportional to the control current to within an accuracy 
of 0.5 dB. 

2.3, Variolosser 

The variolosser circuits used are shown in Fig. 9. 

In the compressor circuit the A.C. resistances of the two junctions are used 
in series as a shunt between the input and output transformers, each of whose 
impedances is much greater than the greatest value reachded by the junction 
resistances. 

In the expandor circuit, the transistors used also provide useful gain. The 
circuit is basically a single stage push-pull amplifier. The gain of such an 
amplifier, when operating into a constant load resistance, is almost exactly 
inversely proportional to the input resistance of the transistors. As already 
seen, this varies inversely as the control current. Hence the gain of the circuit 

7 
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will be directly proportional to the control current if the source resistance is 
kept low compared to the junction resistances. 




Control 

current 


Fig. 9 

The vmriolosser circuits 

Since the Variable loss elements are non-linear some distortion will occur. 

lhis can be kept low by ensuring that the ratio of control current to signal 
current is large. 

2.4. Control current rectifier 

This is shown in Fig. 10. 


Control 
current 

* * 

Fig. 10 

Schematic diagram of a control current r ectifier 

Half-wave rectification takes place in the emitter-base junction. The 
input-level/control-currcnt characteristic of the rectifier is shown in fig. H. 

The departure from the ideal at low currents and high ambient tempera- 
tures is due to the collector cut-off current augmenting the control current at 
low signal levels. This is compensated accurately by causing the collector 
cut-off current of a similar transistor flow in the rectifier load circuit in opposi¬ 
tion to the control current. 
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Fig. 11 

Characteristic curves of a rectifier 


Complete circuits of the compressor are reproduced as Figs. 12 and l3 
respectively. 



Part 3 t Applications 

Companders are used in telephone voice channels to make noisy circuits 
satisfactory for toll transmission service. On physical and phantom voice- 
frequency circuits the Compandor is particularly valuable in compensating for 
the effects of power line induction and noise pickup from other random sources. 

Many older circuits which have fallen below transmission standards can 
be restored to toll quality by u$ing~Compandors. 
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Fig. 13 

Circuit diagram of a Compressor 

Compandors are employed effectively on amplitude-modulated carrier 
systems to reduce the eflects of cross talk as well as to improve the sigqal-to-noise 
ratio. Repeater spacing of carrier systems operating over wire lines or cable 
pairs is often limited by line noise conditions or excessive near-end cross talk. 
With the noise advantage offered by Compandors, repeater spacing may be 
limited only by the maximum system gain. 

Multi-channel microwave radio carrier systems can achieve greater fading 
margins, longer transmission paths, and make use of more repeaters to extend 
the system because of the additional signal-to-noise advantage of the compan¬ 
dor. Such an advantage can also reduce the radio antenna gain require¬ 
ments, thus permitting the use of smaller antenna systems. 

Because of the noise and cross talk improvement, design requirements of 
line filters, in addition to other carrier terminal and repeater equipment, can 
be lowered-resulting in lower equipment costs. Substantial savings can there¬ 
fore be realized in designing and manufacturing carrier systems with com¬ 
pandors built into the channel equipment. 

Part 4 $ Conclusions 

Under idle circuit conditions, Compandors provide a noise advantage equal 
to the maximum gain of the compressor. For the Compandor characteristics 
shown in Fig. 4(ii), the noise advantage would be 28 dB. In actual practice, 
however, the effective noise advantage is always less than the value achieved 
during idle conditions. Typical values range from about 20 dB to 25 dB. The 
actual noise advantage depends on such factors as the speech power level, the 
noise level, the compandor focal point, and the companding range. 

The Compandor offers relief, from the disturbing effects of noise and 
cross talk the principal enemies of communication. It is, therefore, a remedial 
device that offers a practical method of improving the quality of voice trans¬ 
mission over otherwise marginal or unsatisfactory telephone circuits. 
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SPEECH BANDWIDTH COMPRESSION * 

G. Kanttaiah 

Non-member 

Defence Electronics Research Laboratory , Hyderabad 

Summary 

Compression of speech bandwidth is being constantly attempted in the 
field of telephone communication to enable the release of more channels for 
expansion purposes. This paper briefly indicates the mechanism of speech 
production and its transmission over long distance . It describes the recent 
developments in speech transmission, namely, Vobanc, Codimex. Vocoder, 
and the Phonetic-element systems . 

1. Introduction 

Since the invention of telephone communication, the scientists were inter¬ 
ested in compression of speech bandwidth so that more channels can be realized 
with existing facilities. As early as 1930, the Bell Telephone Laboratories 
started a research programme on speech bandwidth compression. The speech 
signal is redundant in nature so that it does not require the full bandwidth of 
4,000 cycles per sec. of a present telephone channel. But the redundant 
nature of speech makes it intelligible even in a very noisy background. 

The mechanism of a speech production may be described adequately in 
terms of the physiological structure of the vocal tract. The mouth and throat 
form an acoustic cavity which is bounded by the tongue and the roof of the 
mouth on the bottom and top, by the lips and teeth on the front and the vocal 
cards and glottis on the back. This cavity is a multiple resonant system whose 
resonances arc function of its dimensions. In comparison with the music of 
a symphony orchestra, human speech is a relatively simple type of signal. Vocal 
sounds are more like the tonality of a single string of a stringed instrument, 
since their component vibration constitute only one fundamental and one 
series of harmonically related overtones. Thus, according to the information 
theory, speech does not require full telephone bandwidth that is now used. 
During the last fifty years, lot of effort was put in to investigate the nature of 
speech and many theories were put forward to explain the mechanism of speech. 
The three dimensional speech waveforms called ‘sonograms’ (Fig. 1), are 
thoroughly studied and analyzed. Different types of speech band width 
systems are developed based on several different theories making use of a parti¬ 
cular aspect of speech signal. It is not possible here cither to explain or to list 
all of the systems that were tried and explained in the literature. The systems 
aiming at speech band compression can be broadly divided into two categories: 
(i) Spectrum-alteration systems; and (ii) Vocoder (voice coding) systems. 

♦Presented at the Symposium on ‘Modem Electronic Communication Techniques* held in 
Hyderabad on August 26, 1967, 
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Spectrum alteration systems~can achieve~only~the compression ratios of the 
order of 3 to 5 whereas Vocoder type of systems can achieve great compression 
ratios as high as 10 to 20. 
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Fig. I 

Three-dimensional waveforms 

Spectrum alteration systems are mainly based on the fact that the speech 
signal consists of three formant frequencies which appear as zones of concen¬ 
trated energy in the graphic representation of sound signals. The three fore- 
mant frequencies fall into three bands, i.e., 0.2 to 1 kilocycles per sec., 1 to 2 
kilocycles per sec. and 2 to 3.2 kilocycles per sec. bands and a sort of frequency 
division technique us adopted to compress each of the formant frequency band 
to achieve the bandwidth compression of speech signal. At the receiving end 
the frequency is multiplied to the original frequency bands to get back the 
speech. The Vobanc and Codimax belong to this category which are ex¬ 
plained in detail subsequently. 

Homer-Dudley of Bell Telephone Laboratories developed and demons¬ 
trated the first channel vocoders, a bandwidth compression system using a 
bandwidth of 300 cycles per sec. Channel vocoder depends upon the principle 
that the power spectrum changes slowly at a rate of few cycles per second. 
Since the advent of the first channel Vocoder, the vocoders have undergone 
many improvements in several respects. A high fidelity channel vocoder has 
been explained in detail in the later part of this paper. 

2. Vobanc and Codimex systems 

Vobanc (voice band compression) and Codimex (compression division 
multiplication expansion) fall in the category of formant tracking devices. In 
Vobanc the speech band is divided into three parts (0.2-1, 1-2 and 2-3.2 
kilocycles per sec. bands.) Each of these bands usually contain three principal 
vowel formants. The signal in each band is passed through a regenerative 
modulator which halves the frequency. Thus, the frequency band is compres¬ 
sed. At receiving end, the frequencies are doubled to get bark the speech 
signal. The block diagram of Vobanc system which achieves a c ompressio n 
ratio of 1:2 is shown in Figs. 2 and 3. The transmitting terminal of Vobanc 
consists of a modulator to shift the frequency band of 0.2 to 3.2 kilocycles per 
sec. upto.107.8 to 104.8 kilocycles per sec. the lower side band being used. The 
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output of the modulator is fed into three amplifiers each of which is connected 
to an ‘A’-filter. The A^filter transmits from 107.8 to 107 kilocycles per sec. 
and its output generally contains the lowest vowel formant. The A 2 -filter 
transmits from 107 to 106 kilocycles per sec. and contains the second vowel 
formant. The A 8 -filter transmits from 106 to 104.8 kilocycles per Sec. and 
contains the third formant and the higher frequencies. The outputs of A- 
filters are amplified and each is then connected to regenerative modulator, the 
block diagram of which is shown in Fig. 4. The regenerative modulator con¬ 
sists of a balanced modulator, the carrier supply being derived from the modu¬ 
lator output. This feedback arrangement halves the input frequency and the 
output is proportional to the input over a certain range. The output of rege¬ 
nerative modulators are filtered by B-filters which have got half the band width 
of corresponding A filters. The output of the B-filter is brought down to voice 
band by suitable modulators. The combined output of three B-filters are 
accommodated either in the band of 75-1,925 cycles per sec. or in the band of 
2,075-3,925 cycles per sec. Thus the speech band of 4,000 cycles per sec. accom¬ 
modates the two channels. 

The receiving terminal of Vobanc (Fig. 5) consists of a group of three 
modulators which shift 2 kilocyles per sec. band back upto 52 to 54 kilocycles 
per sec. Another set of B-filters seperates the three channels. Each B-filter 
is connected to a frequency-doublcr circuit, which consists essentially of a full- 
wave rectifier. The operation of the frequency doubler is inverse to that of 
regenerative modulator. The desired output of 104-108 kilocycles per sec. 
is filtered from the combined output of three frequency doublers and demo¬ 
dulated to voice frequency band. 

In Vobanc only one stage of compressor divider is employed. Any 
attempt to compress further will result in elimination of voice harmonics surroun¬ 
ding the formant. A different type of compressor divider is employed in Co- 
dimex system, two stages of which can give a compression ratio of 1 :4 and 
three stages of which can give compression ratio of 1 : 8 Godimex system is 
similar to Vobanc in all respects except the compressor divider. In the Vobanc 
system the instantaneous amplitude is maintained whereas with the Codimex 
system the amplitude under-goes an operation linked to that applied to the fre¬ 
quency. The waveforms of compressor divider are shown in Fig. 5. Wave¬ 
form (i) is the single side band containing the audio signal. The waveform 
(ii) is the same as waveform (i) but clamped to positive level. Then the ampli¬ 
tude is reduced to its logarithmic value in waveform (iii). At the points where 
the signal passes through zero, a trigger switches a flip-flop producing a division 
by 2 waveforms (iv). At each triggering the flip-flop output operates a commu¬ 
tator which reverses the sign thus giving wave form (v) which is the compressed 
output of original signal. At receiving end the reverse operation is carried 
out by a multiplier expander which is essentially a full wave rectifier. 

3* High fidelity channel Vocoder 

Transmitter of a channel Vocoder is a sort of speech analyzer whies 
samples the speech signal in frequency domain by suing a set of continuou 
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bandpass filters to produce values of short-time frequency spectrum for a series 
of dis- crete frequency bands. The channel Vocoder also differentiates the 
speech sounds which are either voiced as a vowel or unvoiced as a sibilant 
or, ‘S’ sound. It also contains a pitch extractor that develops varying voltage 
output whose amplitude is proportional to the basic pitch frequencies of 
the voiced sound. 

Modulators 
and „ 

carrier Frequency 




Fig. 4 

Block diagram of the regenerative modulator frequency divider 


In Fig. 6, the transmit terminal is composed of a voice operated gain 
adjusting device (Vogad), the spectrum channel analyzer circuits, the voicing 
indicator circuits, and the pulse-code modulation (PCM) circuits for digital 
encoding. 

The talker’s speech signal is generated in a special microphone that has a 
relatively flat response, and ranges from 70 to 3,800 cycles per sec. The signal 
is fed into the Vogad, which has a 22-dB range of adjustment. This range is 
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controlled in 1.5-dB increments by a digital counter that is responsive to the 
drive pulses sent to it from the voiced-unvoiced indicator gate in the voicing 
indicating circuitry. The gate operates at the interval rate set by the precise 
points of time at which successively articulate segments of speech, occur and in 
a fashion that is identificable in terms of differential amplifier 'cross-overs’. 
The output of the Vogad is held at a relatively constant value by this auto¬ 
matic gain control. 


<*) 


This Vocoder has, 16 spectrum channels, each of which contains a 
jMUM filter, rectifier, and a low-pass filter. Each filter passe* a narrow band of 
voice fir^uencies, and this energy is rectified and inserted into a 25 cydes per 
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sec. low-pass filter. The output of the low-pass filter is a slowly varying signa 
that describes the energy content dining a given period of time in the portion 
of the speech spectrum to which the channel is tuned. As different sounds are 
made by the talker, the outputs of the spectrum channels correspond to the 
spectral distribution of energy. 

By the use of filters and differential amplifiers, the voicing indicator cir¬ 
cuits deteclt whether the speech input is voiced or unvoiced. The signal from 
the Vogad is separated into high-and low-frequency segments, each of which 
is amplified and rectified one to a possitve D.G. level and the other to a 
negative D.C, level. These levels are combined and added in the differential 
amplifier, and the positive or negative resultant determines whether a voiced 
or unvoiced condition exists. The option of these circuits is then included in 
the PGM code for transmission to the receiver. 

The pitch-tracking circuitry also receives the signal from the Vogad, and 
this circuitry includes a variable frequency filter that automatically tunes to 
the pitch frequency of the talker’s voice by means of a feedback control loop. 
The output of the pitch-tracking filler is then amplified and limited to detect 
the lowest frequencies present. A frequency-to-amplitude (voltage) converter 
is used for driving the low-pass filter. The output of this filter is a voltage 
that is proportional to the fundamental pitch-frequency of the voice, and it 
controls the frequency of the variable tuning filter. The pitch information is 
used only when the differential amplifier indicates a voiced condition. 

Signals from the spectrum channel, together with the voiced-unvoiced 
decision and pitch channel, are multiplexed and pulse-code modulted into 
the output. In this Vocoder, each spectrum channel output is represented by 
a three bit (2® = 8 values) code, and the pitch channel is represented by a six- 
bit (2 e = 64 values) code. The information contained in the 16-spectrum 
channels and the pitch channel, together with the voiced-unvoiced decision, 
comprise a 54-bit-per-frame PCM code. At a frame sampling rate of 44-44 
frames per sec. a total transmission bit rate of 2,400 bits per sec., is attained. 

At the receiving terminal (vide Fig. 7), the PCM signal—which includes 
timing synchronization—is decoded and framed for proper channel synthesizer 
low-pass filter is a replica of the corresponding analyzer output before encoding. 

The decoded pitch extractor channel signal controls a voltage to the 70-300 
cycles per sec. buzz-generator voltage-to-frequency converter. Since the 
voltage output of the pitch detector is directly proportional to the fundamental 
frequency of the voice, the buzz-generator produces periodic pulses that occur 
at the fundamental voice frequency. The hiss generator, which produces 
sounds for use in synthesizing unvoiced speech is essentially a white-noise 
generator. 

The buzz-hiss gate is controlled by the decoded PCM signal clement that 
rdatee the voiced unvoiced indication in each frame. The output voltage 
feom eacb low-pass fiber to iter associated modulator determines the level of 
into each bandpassfilter* These receiver filters are identical to 
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their counterparts in the channel analyzer sections of the transmitter. Thus, 
the output frequencies and energy content are representations of the frequencies 
and energy inserted into the analyzer filters at the transmitter. 

The signals from the 16-synthesizer channels are combined, amplified and 
applied to the receiver of the listener’s telephone set, which is a synthesized 
replica of the talker’s speech. 

4 Phonetic-element system 

Phonetic-element systems aim at the machine recognition of spoken 
language rather than the bandwidth compression. Phonetic element systems 
require very small bandwidth of the order of 50 cycles per sec. Phonetic 
element systems which are also known as phonetic Vocoders work on the prin¬ 
ciple of Vocoders, i.e. s sampling in the frequency domain the determine the 
short term frequency spectrum. Phoneme is a shortest distinct sound of spoken 
word. 

fyananlttar 



To indicator apparatus 
Fig. 8 


Block diagram of the electronic word recognizer 

Block diagram of an electronic word recognizer is shown in Fig. 8. The 
speech signal passes from transmitter of a telephone set to a volume control and 
an equalizer. Next, the speech signals enter the phonetic pattern recognizer 
where the spectrum of speech is continuously compared with a number of stored 
spectra of phonemes and the best fit is determined. The phonetic pattern 
recognizer contains a set of continuous band pass filters. Each band pass 
filter contains an amplifier, a rectifier and a lowpass filter to smooth the speech 
power to syllabic rate. Now the phonetic pattern information is fed to word 
pattern recognizer. The word pattern recognizer should countain in its store 
the phonetic-pattern of all the words which are to be recognized. Phonetic 
is compared with stored phonetic-patterns of each word and the word 
is thus recognized. It can be easily seen that a large amount of hardware is 
required to store the data of all phonemes and Words. A word recognizer 
toving i dpacity of W) words has htea built and dense nstrated successful 
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Still it is long way off to build a versatile word recognizer which can recognize 
any spoken word. 
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TROPOSPHERIC SCATTER COMMUNICATION* 
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Summary 

Considerable investigation is in progress regarding tropospheric 
scatter communication technique which relates to the establishment of radio 
communication with UHF or SHF bands, between two points on earth’s 
surface separated by moderate distances of within 1,000 km. This paper 
briefly defines the scope of such a type of communication system, and des¬ 
cribes the tropospheric propagation mechanism, the scatter characteristics and 
effect of atmospheric conditions. It also deals with the tropo system para¬ 
meters and indicates its advantages and cost economics. In the end, it 
mentions about the details of the present installations of tropo system and 
indicates the future trend of development . v 

1, Introduction 

Tropospheric scatter communication may be defined as a method or 
system of transmitting, within the troposphere, microwaves in the UHF or 
SHF bands to effect radio communication between two points on the earth’s 
surface separated by moderate distances of from 120 to 1,000 km. Such a span 
or hop may be augmented by other spans in tandem to permit end-to-end or 
through circuits upto many thousands of km. The name ‘tropospheric scatter 
communication’ is now usually referred to in the engineering vocabulary simply 
as ‘Tropo’. 

A conventional sketch of a Tropo span is shown in Fig. 1. This graphic 
representation is merely symbolic, and indicates in a general way that the 
circuit utilizes high power and large directional antennas, may be duplexed, 
can surmount ground obstacles of considerable magnitude, and will span a 
relatively large distance over the earth’s surface. 

With accuracy, Tropo can be termed a ‘gap filler’. It provides a means 
of radio communications at distances not covered either by the short-range 
UHF or SHF line-of-sight systems, and the medium frequencies, or by the HF 
and long range LF system. Since ionospheric scatter communication is usually 
not effective on paths under 600 km. and since microwave links, because of 
terrain, are sometimes not practicable on long paths tropospheric scatter com* 
munication fills a gap in communication system at present used by the armed 
forces of the western countries. A summary of the above is shown in Fig, 2 
where the principal characteristics,, of ‘microwave’ communication as utilized * 

WUnMO — . . .. . . I III I . I l» W I . I| 11 »■■■ ■>»II H I. H Illlfll—WMiWw* 

‘Prevented at the Sympodum on ‘Modem Electronic Communication TedmhguM* held in 
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today over the surface of the earth is shown, and indicates the relationship of 
tropo to the other modes in the microwave band (70 M Hz to 20 G Hz). Satel¬ 
lite communication are intentionally omitted from this figure as the propaga¬ 
tion mechanism is somewhat different in space. 



Graphic representation of a Tropo span 


Systems of multiple spans in tandem, composed of tropo links and exten¬ 
ding even to thousands of miles or kilometres, are now in operation in many 
parts of the world, providing a reliable multi-channel communication. Most 
of these are shown in Fig. 3. The gap represented by our country may be 
readily seen. Tropo is also used in several special applications. The ability of 
Tropo to span hundreds of km. of inhospitable terrain with circuits of relatively 
high traffic density ensures a continuing need for this type of transmission. 

2. The tropospheric propagation mechanism 

A number of theories have been proposed to explain the nature of tro¬ 
pospheric scatter. To the present time, however, no single theory has been 
universally accepted as a complete explanation. Each theory, while accept¬ 
able in most respects has at least one disadvantage that prevents it from being 
completely acceptable. Some theories have been withdrawn because of new 
data and experimentation with this phenomenon. The theory presented here 
is probably the most widely used and also the most conservative presented to 
date. It has been compiled from the latest and most reliable reports and 
articles. 

' a? 

Toe phrase, 'tropospheric forward scatter’ describes the hypothesis that 
has been suggested to explain the mechanism that enables the propagation' 
Of usable microwave radio signals well beyond lineKjf-sight distances. Diffr¬ 
action theory doe* not account for the substantial electro-magnetic fields that 
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arc produced at these ranges, nor does atmospheric ducting explain the time 
availability of these fields. 

The troposphere is the region of the earth’s atmosphere that extends from 
the ground to a height of slightly over 10 km. It lies several kilometre below 
the stratosphere and the ionosphere. The difference as we all know between 
the ionosphere and the troposphere is that there is practically no ionization of 
the air molecules in the troposphere. 

The ability of the troposphere to act as a smooth refractive medium is 
based upon the variation of the dielectric constant. The greater the 
decrease in dielectric constant, the greater the bending of the beam towards 
the earth. Water vapour content is the main cause of the variation of the 
dielectric constant. The greatest variation in heating and cooling take place 
n< ar the surface of the earth; therefore, the greatest variations in the dielectric 
constant also occur near the surface of the earth. It can be said that the 
vapour variations play no great part above 6 km. and have serious effect on 
predicting the performance of tropospherir propagation. 

As the earth’s atmosphere is in a constant state of motion with respect to 
the earth, small irregularities or eddies occur. These irregulatities occur in 
‘blobs* that are large compared to the wavelength used in scatter communica¬ 
tions. Thus they present a different index of refraction from that of the surrun- 
ding medium. The changes in the refractive index are a result of the varia¬ 
tions in the dielectric constant. These variations are as a result of the turbulent 
air motion and the water content. 

This abrupt change in the index of refraction produces a ‘scattering* of the 
electromagnetic wave. However, most of the propagated energy continues 
in the forward direction, although enough energy is scattered towards the earth 
to be usable. Effectively, the blob has re-radiated the signal towards the 
earth. The signals received will be affected by the actual conditions of the 
atmosphere, since scatter depends upon the turbulences in the atmosphere. 
The number of blobs in the volume common to both the transmitting and re¬ 
ceiving antenna beams (Fig. 4) determine the amplitude of the signal received. 
The scatter model shown is idealized to indicate the path geometry. Notice 
that both the receiving and transmitting antennas are directed at the horizon. 
A certain volume of the atmosphere is common to both antennas. It is within 
this volume that the scatter phemomenon takes place. 

It can be proved mathematically that the scatter angle 0, in Fig. 4, is the 
most important factor in determining the received power. The angle 0, re¬ 
presents the angle between a ray from the transmitter antenna and one to the 
receiving antenna. If the scatter angle is increased, the received power falls off 
rapidly. With wide-beam antennas, the effective scatter volume is increased, 
but the effective power received is decreased. With narrow beam antennas, 
the entire common volume contributes significantly to the received signal. For 
each ray of the entire beamwidth considered, a slightly different angle exists. 
It is necessary to sum up the infinite number of rays over the volume to obtain 
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the sum of the individual contributions. It is correct to assume , therefore, 
that the scatter radiation comes from an infinite number of small scatterers 
within the common volume and that each scattererieffectively reradiates accor¬ 
ding to the amount of energy impinging upon it. 



Pig. 4 

Path of tropospheric beams 
3* Scatter characteristics 

Regardless of the true mechanism of propagation, much is known con¬ 
cerning the characteristics of the microwave energy field propagated beyond 
the horizon. It has been learnt through observation of a large mass of em¬ 
pirical data collected from operational tropo links. 

Firstly, it is known that the average amplitude of the field propagated 
beyond the horizon is greatly attenuated with respect to the transmitted field. 
The amount of attenuation can be calculated as a function of the angular dis¬ 
tance between the transmitting and receiving sites. 

Secondly, the amplitude of the received field varies substantially with 
time over a given path. For convenience these amplitude variations are 
separated into short-term and long-term distributions. Short-term amplitude 
time distributions are those measured over periods shorter than a few minutes. 
The long-term distribution represents the variation of hourly medium levels over 
a longer period of time—usually a month, a season, or a year. Determination 
of parameters and design are usually based on the worst propagation month 
of the year—usually February or March in the northern hemisphere. 

Thirdly, it is known that when a wide band of the frequency spectrum is 
utilized for the transmission of intelligence, any existing mulitipath propagation 
introduces a factor that is evidenced as a signal distortion. It is a result of phase 
difilbreotiab that appear across the frequency band when signals are received 
over the longer path of the multipath routes as well as over the direct path. 
This distortion places an upper Unfit to the band width that can be transmitted 
mxmmmy* * 

Tropospheric scatter may be called upon to transmit any type of signal, 
ilNSmliSfc |* ^wuaUjr uacd. Normally, some teletype will be 
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transmitted using equipment that'feeds four teletype channels into one voice 
channel. 1 With modifications to certain equipment, facsimile, telemetry, 
video, and other types of communications may be transmitted and received, 

5. Atmospheric consideration 

The atmosphere that surrounds the earth is stratified, and all the strata 
have varying characteristics and relationships. Scattering blobs are actually 
relatively small volumes in space at which the index of refraction varies from 
the surrounding atmosphere. Usually they are caused by meeting of moisture 
laden air masses and warm air masses, which affects a change in refractive 
index. Rain, snow and similar weather conditions do not have persistently 
noticeable direct effect on VHF and UHF waves. 

Cosmic noise has an effect on radio propagation. Cosmic noise encom¬ 
passes radio interference caused by the eruptions from sun and stars. Erup¬ 
tions cause an abnormal ionization of the strata affecting reflection and refrac¬ 
tion conditions necessary for propagation. It is impossible to predict accurately 
the nature of these disturbances or even (he phenomena. But, at the frequen¬ 
cies used in tropospheric scatter, cosmic noise and cosmic interference are 
usually so small that they do not interrupt communications. Man made noise 
at the troposheric scatter frequencies are usually of some consequence, however, 
and must be considered in the design and location of scatter systems. Usually 
the least costly and simplest solution is to locate the system away from vehicular 
traffic, aircraft, machinery, electrified fences, power lines and other sources of 
man-made interference. 


6. System considerations 


All high quality, long-distance multichannel communication systems 
have two requirements: (i) reliability; and (ii) delivery of a favourable SNR 
(signal-noise ratio) to the user. The signal components usually are ampli¬ 
fied, as required to over come the various losses in the system. The big problem 
for the communicator is the accumulation of noise. Every time the signal is 
processed there is some contribution to noise, which adds on a cumulative 
baas. The result Is that long-haul systems require sharp attention to the 
details of noise accumulation if the resulting SNR is to meet requirements. 

Signal-noise ratio is a complex subject, and a technical discussion would 
be out of place in tiffs type of paper. For high toll quality telephone voice 
circuit in multichannel system It is tonally prescribed that the minimum SNR 
of 45 dB b© delivered to the user at the termini of 10,000 km. system, with the 
noise contributions from individual spans pro-rated on the bauffs of dis tance 
as a percentage of 10,000 km, 


It was pointed out previously that tropospheric forward signals are wdfct# 
to amplitude time variations, separated Info short-tom and foef-fotm flmjr 
buttons, ha practice* the two types of ngnah feding are 
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referred to a monthly median level. Methods known as diversity techniques 
have been developed to counteract this fading and afford the prescribed pro- 
pagational reliability. 

Diversity can be defined as the utilization of more than one independent 
and uncorrelated transmission path over a single span of tropo to afford greater 
reliability than that provided by a single transmitter and receiver at each end. 
In each type of diversity now in common use, certain additional equipment is 
required. 

One of the most effective methods is known as ‘space diversity’, in which 
two antennas, seperated in space by 100 wavelengths or more, are used to 
receive the signals and reduce the effect of fading, sine signals seperated in 
space by this distance show a complete absence of correlation (Fig. 5). 

Another method in wide use is known as ‘frequency diversity’ wherein 
two frequencies, separated by about 1-10% depending upon the frequency 
band in use, are transmitted over the span from the transmitting to the 
receiving station. Here, again, there is a minimum of correlation between 
signals received on the two frequencies. As an example, a separation of 10 
to 12 M Hz at a frequency of 1,000 M Hz should be adequate (Fig. 6). 

Other types of diversity, which are little used at the present time include 
circular polarization and differences in azimuth orientation of antennas (angle 
diversity). 

Although space and frequency diversity may be utilized independently 
(dual diversity), both may also be used simultaneously to afford quadruple 
diversity. For high reliability circuit requirements and in applications where 
the span length otherwise might produce a marginal circuit, quadruple diver¬ 
sity is the preferred solution, despite additional equipment necessary. It is 
therefore used in the vast majority of fixed station systems installed till now 
(Fig. 7). 

7. Tropos system parameters 

The logistical and engineering requirements of a forward tropospheric 
scatter facility arc little different from those of most radio systems. The scatter 
equipment requires 130 to 400 kVA of power, the amount depending upon the 
type of system that is chosen. As with similar facilities, high level land areas 
are best suited for installation and operation of this type of communications. 

Each tropo communication system must be individually designed, because 
the operating command has specific requirements. The most important consi¬ 
deration usually decided by the operating command, is the reliability of the 
system. Two factors control the design of the system reliability. A break¬ 
down of tiie equipment will lower the reliability of the sendee, but this con¬ 
dition may be mi nimiz ed by providing dual equipment. The second factor, 
which is completely a design function is propagation reliability. 

The system is generally designed with enough flexibility to obtain a reason¬ 
abledqjre^of lability. Qyer 4 Ww* path, reliability of 9?.99°/ ? may 
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be attained, although certain factors may limit the number of voice channels 
or require high power and large ‘dish’ antennas. The important fact, how¬ 
ever, is that this type of communications may be achieved. When the relia¬ 
bility requirement is lower, the number of voice channels may be increased 
and the use of smaller antennas and lower power may prove sufficient. Relia¬ 
bility is a function of path distance and path conditions, then, to which all com¬ 
putations and design requirements are made to conform. 

For non-strategic voice transmission, 95% reliability is considered ade¬ 
quate, this lower reliability usually results in considerable saving. For missile 
guidance system, 95% reliability could prove disastrous; therefore, such a 
system requires a higher reliability. The reliability is determined from the 
type of service required. Various bandwidths and numerous channels can be 
used. Many special systems exist today in which the propagational reliability 
may vary from 99.9% to 99.99% for 120 to 300 voice channel capacity over 
path lengths of 150 to 300 km. There are also systems of 48 to 96 voice channels 
with the same reliability operating upto span lengths of 500 km. and a few 
circuits that span 500 to 1,000 km. but are limited to 12 to 48 channejg. 

The tropo terminal equipment is compatible with voice systems that ter¬ 
minate in telephone line pairs and use 600-ohm and 135-ohm line circuits for 
ring down. 

8. Antennas 

Because of the high gain requirements encountered in troposcatter trans¬ 
mission, highly directional antennas must be used. They usually take the 
form of large parabolic reflectors with horn feeds. The larger the parabolic 
surface the higher the gain until a point of diminishing returns is reached. 

Two basic antenna systems are associated with tropo systems now in use. 
A wide variety of communication facilities is provided by the combination of 
these antenna systems with other equipment. It is possible to use either a 28- 
ft. or a 60-ft.-parabolic reflector illuminated by either a verically or a horizon¬ 
tally, polarized feed horn. If two reflectors are used, a vertically polarized 
feed horn to one reflector and a horizontally polarized feed horn to the other 
will proride a higher order of diversity. However, this necessitates cross- 
polarized feed horns for reception at both terminals. 

Due to narrow beam width of the antennas, it is necessary that the equip¬ 
ment be'made capable of changing both elevation and azimuth. 

9* Advantages of Tropo 

Tropo has been developed over the past ten years into a highly succssful 
method of radio communication which offers certain advantages not possessed 
by other modes. These are : 

(i) It provides high-grade multi-channel service over distances between 
100 to 1,000 km. in a single span, thus reducing the number of 
* i stations or terminals required in a Hnc-of-sight system; 
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(ii) With a properly designed system it will offer a circuit of high pro- 

pagational reliability on a year round basis. This reliability 
compares favourably with that of line-of-sight circuits and is 
generally far superior to that afforded by current high-frequency 
techniques; 

(iii) It can be utilized in rugged or otherwise inhospitable terrain where 

it is impracticable or impossible to provide other means of com¬ 
munication; and 

(iv) It provides a high degree of spectrum utilization while simultaneouly 

minimising frequency allocation problems incident to radio in¬ 
terference in a high density location. 

(v) It offers a relatively high degree of security as compared with other 

methods of communication. Radio interference, deliberate or 
otherwise, is reduced to the minimum unless the interfering trans¬ 
mission is within the beam and range of any one station in the 
tropo system. Further, there are in a Tropo system fewer stations 
that are subject to jamming or link impairment. From a physical 
viewpoint, the surreptitious destruction of a tropo link is more 
difficult than the cutting of a submerged cable or unattended line- 
of-sight span. As for security obtained in a tropo fink and that 
obtainable in a satellite circuit, it remains to be seen whether latter 
can be developed to the point where destructive radio interference 
or radio interception can compare with the security achievable on 
Tropo system. 

Undeniably and under certain conditions, tropo offers certain over riding 
advantages. When the cost of Tropo system is considered, these advantages 
must be weighed against the cost of other systems that may lack the advantages 
peculiar to tropo. 

10* Present installations 

Operational system route distance now in commission 80,160 km. with 
or being installed ... ... 257,000 voice 

channels 

Experimental route distance now in commission ... 2,500 km. with 

60,000 voice 
channels 

Average route distance per system ... 1,027 km. 

Average voice channel km. per system ... ... 52,800 

Average number of tropospans per system ... 4.1 

Average length per span ... ... 251 km. 
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11. Tropo costs 

In general, it cannot be said categorically that tropo is either cheaper or 
more expensive over the long haul period than any other mode of communi¬ 
cation. It all depends on the conditions surrounding any individual project. 
It is practically impossible to compare tropo channel/km. costs with those of 
other communications, since no firm basis for comparison exists. The future 
development of lower cost solid state tropo equipment for commercial and 
common carrier use will go far towards furnishing a more definitive answer to 
the cost problem. 

12* Correct equipment trends 

The present trends in the current development of tropo equipment can 
be summarized as given below: 

(i) Completion of transformation of all tropo equipment from tube 

types to solid state, though still retaining power tubes in power 
amplifiers; 

(ii) Further efforts to decrease size, weight, and main power require¬ 

ments for solid-state equipment. These efforts include^develop¬ 
ment of relatively high output powers utilizing only solid-state 
devices, thus eliminating power tubes; 

(iii) Additional development to reduce size and increase efficiency of 

Klystron tubes. Utilization of travelling wave tubes in power 
amplifiers where economical; 

(iv) Investigation of various new types of power tubes; 

(v) Development of cheaper and lighter antennas, particularly for 

transportable and technical Tropo equipment, where weight 
storage, and ease of assembly in the field are paramount; 

(vi) Investigation of alternatives to parabolic antennas; 

(vii) Advances in further modularization of solid state equipment, in¬ 

cluding use of integrated circuitry, to reduce size and weight and 
increase accessibility; - 

(viii) Further development of automatic fault indicator and performances 
monitoring equipment to facilitate maintenance and reduce 
maintenance personnel; , ,, 

(ix) iievelopment of a light weight, easily transportable Tropo terminal 

which better meets the tactical requirements of the military and 
which can be set up- in the field in a minimum time. It must be 
easily transportable by all types x>f helicopters. 

\ »¥, i «* * 

(x) Development of a reliable and relativdy cheap type or types of 

equipment, confornnbg ahd capable of incorporation into’ national 
; communications systems without degradation of the system; and 
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(xi) Further studies and investigations of the Tropojaropogation mecha¬ 
nism to determine its exact nature and behaviour, and thus afford 
designers a stronger base for development of improved equip¬ 
ment and perhaps better bandwidth for increased channel capa¬ 
city. 

13. The future of Tropo 

For commercial or common-carrier purposes, there appear to be many 
nations that are beginning to realize the value of Tropo in places where the 
nature of terrain presents obstacles and, in addition, where there is no need for 
circuit drop requirements at intermediate points between stations. It can be 
assumed that during the next ten years there will be a steady, if limited demand 
for common-carrier Tropo systems. 

The continued and additional employment of new and advanced types of 
Tropo for military purposes will, of course, depend upon the international 
situation. As pointed out previously, the accent is now on development and 
procurement of light tactical types for utilization in jungle, guerrilla, or am¬ 
phibious warfare, with some additions or upgrading of existing or planned 
strategic systems. 

• There is no doubt that Tropo is here to stay, and will occupy its own niche 
in the array of various types of communication systems. Under certain con¬ 
ditions its employment is now indispensable; the future may well add to these 
conditions to augment its value to later use in both worldwide and domestic 
communications. 
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Summary 

The SHF aerials based on the optical Cassegrain principle are found 
to be somewhat superior to conventional paraboloidal aerials. For the 
same performance they are cheaper and smaller in size. The design of 
the complete system is simpler and the assembly is rugged. With these 
advantages Cassegrain aerials should replace existing designs of parabo¬ 
loids. 

1. Introduction 

The need for high performance, low cost aerial and feeder system was 
appreciated from the start of the development of microwave multichannel 
telephony and the satellite communication. In the latter case the size reduc¬ 
tion is also of great importance. The normal paraboloid aerials used in radar 
sets did not meet the requirements fully. 

This paper discusses the principle of Cassegrain type of paraboloidal 
aerials that are found to satisfy the requirements. A comparison table is pro¬ 
vided at the end of the paper for a Cassegrain aerial and an ordinary horn 
reflector, both designed for a frequency in the range of 6 kilomegacycles per 
sec. 

% Theory of Cassegrain aerials 

In the design of microwave aerials, attempts were made to use many of 
the principles in optics. The Cassegrain aerial is one such adaptation of the 
optical Cassegrain principle. In the Cassegrain telescope (Fig. 1), light pro¬ 
ceeding to first teal image I, is intercepted by a hyperbolic mirror M, whose 
focus coincides with that of the objective and made to pass through a Me in 
the centre of the objective to form the real image, I. By this arrangement the 
focal length is folded and the effective fiscal length is huge for small ph y sical 
size. This increased effective focal length in comparatively smalW space 
helps in reduction of dimensions. 

This method is adapted in the case of Cassegrain aerials also. The prin¬ 
cipal advantages are flexibility in design, improved performance in terms of 
efficiency, polar diagram and band-width and simplicity of primary feed 

•Presented at the Symposium on ‘Modem Electronic G ommuakatio a T cchniq Bm’ hdd 
in Hyderabad on August 26, 1967. 
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Principle of a Cassegrain telescope 

3. Principle of Cassegrain aerials 

The feed is located at’the vertex of the parabolic reflector and a hyperbo¬ 
lic sub-reflector is located in front of the parabola between vertex and focus 
(Fig. 2). Parallel beam falling on the parabolic reflector is made convergent and 
brought to focus F, if the hyperbolic reflector were absent. In the presence of 
the hyperbolic surface, this reflects this to the point, F\ The virtual image at 
F formed by the parabolic surface serves as the object for the hyperbolic surface 
which produces the real image at the feed, F'. 



Fig* 2 

PrlneipSs of * Cassegrain aerial 
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The points, F and F', are the conjugate foci of the hyperbolic sub-reflector. 
Convergent spherical waves centred at F and incident on the hyperbola will be 
reflected as a second set of convergent spherical waves centered at F'. This 
property it there for any hyperbola with foci, F and F'. A large number of 

such hyperbolic surfaces, which will be suitable as a sub-reflector, can be ob¬ 
tained. . 

Let us consider the action of the sub-reflector as a hyperbolic mirror which 
images the feed to a point behind the sub-reflector at the focus of the hyper¬ 
bola. The magnification of a hyperbolic mirror is 

(*+l) («-l) 

where e is the eccentricity (the magnification is also equal to the distance from 
sub-reflector to real focus divided by the distance from the sub-reflector, to 
the virtual focus). The eccentricity of"the hyperbola is always greater than 
unity (this is the ratio of t;he>dlstance betweerf*th6 twd fed to the constant diffe¬ 
rence between the two focal radii). The. effective focal length of the Cassegrain 
aerial is equal to the distance between ^ and F' times *tfie magnification. Mag¬ 
nification will be between 2 and 5 for practical structures, for whicjj eccentri¬ 
city is between 3 and 1.5. 

4 Primary feed , 

The easiest; form of primary fepd is a circular horn. As in any other 
radiator, its dimensions in terms of a w;avdength determine the beam width, the 
beam width decreasing as the size of the horn increases. 

As far as possible, all the energy radiated by this horn must be reflected 
by the hyperbolic sub-reflector, i.e., the spillover of energy must be minimum. 
This requires that the sub-reflector must intercept energy upto about 10 decibels 
(dB) below the maximum. This then means that if die horn size is reduced, 
the angle subtended by the sub-reflector at the horn will be large and vice 
versa . If this reflector is not to interfere much with the parabolic reflector, 
the size cannot be large. The results obtained on the basis of principles of 
geometric optics do not agree completely with the practical results because 
the ratio of diameter of the sqb-reflector to wavelength is not large enough. 

5. Hyperbolic sub-reflector 

The image of the primary horn produced by the reflector serves as the 
basic feed for the paraboloid. A convex hyperbolic sub-reflector causes imme¬ 
diate divergence of the signal and consequently reduces the energy reflected 
back into the primary feed. The amount of energy reflected to horn is greatest 
if the feed is dose to the sub-reflector. The reflection can be reduced by proper 
matching techniques. The normal matching methods cause cancellation of 
energy reflected towards jaxjs and is effective ove^-a broad band. With this 
matching, the region of strong" illumination of parabolic reflector becomes an 
annulus in which the maximum field strength occurs at an angle from the axis. 
This pattern of illumination leads to high efficiencies but also increase the level 
of first side lobe. 
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If the sub-reflector size is increased, the axial length of the antenna can 
be reduced, because in that case the sub-reflector will be nearer to the para¬ 
bolic reflector. But, with this the aperture blocking also will be more and this 
is not desirable. The blocking of the aperture can be reduced by using a 
smaller sub-reflector. But then this will be at a greater distance from the para¬ 
bolic reflector and the mechanical structure becomes complicated. Thus, the 
choice of the sub-reflector size must be a compromise. 

It is a known fact that the phase errors are reduced proportionately with 
the size of the basic feed of the paraboloid. With a convex hyperbolic surface, 
the virtual image of the horn formed will be reduced in size compared to the 
actual horn. The size reduction varies with the hyperbola as shown (Fig. 3). 



Fig. 3 

Reduction of Image in a hyperbolic reflector 

The horn feed and the sub-reflector can be sealed against moisture (in a 
perspex or fibreglass housing) and is robust enough ot withstand any rough 
treatment occurring during transport and assembly. Due to wide aperture 
of the paraboloid, the horn|lie^ inside the rim of the dish and is not exposed to 
damage from falling Ice (Fig. 4). * 

6# P er f orm ance comparison 

..Efficiency oTa Cassegrain aerial is about 60% which'can bo achieved 
with a conventional paraboloid also. But in the latter case the size of the 
aerial (especially the focal length) becomes very large. Reflection from the 
Cassegrain aerial designed for 6 kilomegacycles per sec. band is found to be less 
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than 2% from 5.9 to 6.4 kilomegacyles per sec. A horn reflector aerial is 
better in this respect having reflection less than 1 % over a band of 4 to 11 
kilomegacycles per sec. Cassegrain aerial is circularly symmetrical and there¬ 
fore the reflecting surface can be made by spinning it in one piece. This 
technique minimizes tool costs. This method is satisfactory up to a diameter 
of 4 m. and avoids all problems of sealing joints. At present manufacturing 
costs for a horn reflecting aerial are 3 to 4 times those of a Cassegrain aerial. 



Horn feed In a fibre glass housing 

An important advantage of a Cassegrain aerial is that when it is used at 
a place where various routes are converging, like in a city centre. For a 
1,800-channel system operating on the same frequency, it is estimated that 
aerial discrimination of 65 dB is required. In a Cassegrain aerial two routes can 
operate at same frequency and polarization at angles greater than 85°. 

7. Cassegrain aerial for single polarisation 

One drawback with the Cassegrain aerial discussed is that the sub-reflector 
blocks the parabolic aperture. This can be reduced by using a grating of wires 
as shown (Fig. 5) called ‘polarizing screen’. This polarizing screen favours a 
single-plane of polarization to which it is transparent, and on receipt, only this 
plane polarized wave passes through to the plane converter. 

If the sub-reflector has horizontal grating of wires, this will pass vertically 
polarized waves with negligible attenuation, but will reflect horizontally pola¬ 
rized wave sent by the feed. 

The horizontally polarized wave reflected from the polarizing screen is 
incident on the plane convertor kept in place of the paraboloid and at the con* 
verier this is shifted through 90° in space. The screen is transparent to this 
reflected energy from the plane converter. 
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The polarizing screen consists of parallel strips or rods, with spacing small 
compared to wavelength for which it is considered. For a wave with polariza¬ 
tion in the plane of the rods, the rods are in the same plane as the electric field 
and act as a reflecting surface because they are closely spaced, screen may be 
either flat or of any shape as required. The plane converter consists of a number 

of parallel slats mounted on a reflecting surface. The slat depth is - for the 

designVave length and the slats are at an angle of 45° to the accepted plane 
of polarization. 



Cassegrain aerial with single polarization is very useful because two chan¬ 
nels operating at same frequency and side by side can have very good isolation 
if operated at an angle of about 15° and for different polarization. But manu¬ 
facture of main and sub-reflectors are quite costly. 


Comparison of Cassegrain and horn reflecting aerials 


Parameter 

Cassegrain 

Horn reflector 

Gain, dB 


45 

45 

Radiating area, m.* 


11.2 

10.2 

Windage area, m.* 


11.7 

17.8 

Height, m. 


3.8 

7.6 

Width, m. 


3.8 

4.3 

Depth, m. 


1.5 

3.6 

Weight, kg. 


417 

771 

Operating band, kilomegacycles 

5.9-6.45 

3.8-4.2 

per sec. 

... 


5.9-6.45 


10.7-11.7 
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Summary 

In the vehicle-borne communication systems, wherein high power 
transmitters and sensitive receivers operate simultaneously and in close 
proximity, it is imperative that the spurious signal should be at least 100 
dB below the wanted signal, to avoid mutual interference . This paper 
states the problem of frequency stabilization, and illustrates the principle 
of direct frequency synthesis by analysis of a working circuit . However, 
it concludes by comparison that a pure VFO output is characteristic of a 
partial synthesizer which uses a phase-locked oscillator as its output fre¬ 
quency generator . 

1. Introduction 

In our country, radio communication is being used on a large scale by 
military, police and other services. Within a short time we can expect the 
HF and the VHF bands to become overcrowded. Hence, it will be very essen¬ 
tial to achieve good frequency accuracy in transreceivers so as to use every 
available channel in a given frequency spectrum. Accurate frequency control 
is also needed in S.S.B. transmitters and receivers. Any frequency error in 
pilot carrier S.S.B. system will increase the AFC capture problem and in a 
suppressed carrier system it results in a frequency offset of the demodulated 
signal thereby decreasing inteligibillity. 

To achieve good frequency stability, crystal oscillators may be used. Most 
crystal oscillators, without means for temperature control and uncompensated, 
can provide frequency accuracy of 0.005% over a range of — 55° to 105°C. 
Much better accuracies are possible when the temperature range is reduced, 
e.g., at room temperature or when temperature compensation is used. But 
where the range of communication is large, as for example, in the case of a 
transreceiver covering a frequency range of 1 to 30 megacycles per sec. with 
1 kilocycles per sec. channel spacing 29,000 crystals will be needed if a seperate 
crystal is required for each channel. This method is impractical. Instead of 
this arrangement, it is possible to generate the desired frequencies by successive 
addition and subtraction of frequencies derived from, crystal oscillators or from 
combinations of frequency standards and frequency dividers/ TCe output 
frequencies are in effect synthesized from a number of constituent parts. An 
example will illustrate the method. 


♦Presented at the Symposium ‘Modem Electronic Communication Techniques' held 
J* Hyderabad m Aqppt % 
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2. Direct frequency synthesizer 

Fig. 1 illustrates the block diagram of a direct frequency synthesizer used 
in Stromberg Carlsen transreceiver SC 900A. Four groups of frequency in¬ 
jection signals are fed into mixers and filters. They are marked I, II, III and 
IV in the figure. The dials can be set for any output frequency within the 
range of 1.0 to 30 megacycles per sec. in 1 kilocycles per sec. steps. 

The upper line of mixers is actually in the signal path of the receiver (Fig. 2). 
This follows the usual practice in which the signal mixers are used to provide 
heterodyne points at which the desired increments of frequency are injected 
progressively as the signal is translated up or down in frequency. As is clear 
from the block diagram the principle of operation is one of successive mixing 
and filtering to achieve the desired output frequency. 

It is important to remember that mixers produce spurious modulation 
products in addition to the major sum and difference frequency components. 
The output of mixer contains the input frequencies, harmonics of input fre¬ 
quencies and the sum and difference of these harmonies in all sorts of combi¬ 
nations. Though the output circuit is tuned so as to select only the sfhn or the 
difference frequency component, it is impossible to attenuate completely 
those frequency components which coincide with the desired frequency or one 
very near to it. Experiments performed on a balanced muliplicature mixer 
system under best operating conditions of bias and input signal levels show that 
there are eight harmonics and thirty-two products which are within 80 dB of 
the desired (J 2 ± /J. This is shown in Table 1. It is, however, required to 
suppress the spurius frequencies to a level more than about 80 dB below the 
desired signal output. So, in choosing f t and / 2 , it should be borne in mind 
that their spurious modulation products are not nearly coincident with the 
desired frequency. The choice of f x and / a becomes difficult if the require¬ 
ments of purity of output waveform are stringent. 

It should also be borne in mind’that the range of frequencies derived from 
a harmonic generator is limited; the stability of the tuned circuits limit the 
number which can be cascaded to discriminate between high order adjacent 
harmonics. Wadley has suggested a method of selecting high order harmonics 
(Fig. 3) and this is now being used in a number of communication equipment. 
The drift cancelled oscillator should be set very close to 21st, 22nd, 23rd or 
24th harmonic to get 15th, 16th, 17th, or 18th harmonic respectively. To illus¬ 
trate the function, let us assume that the 16th harmonic is desired. The drift 
cancelled oscillator is set close to 22nd harmonic. The output of mixer 1 will 
contain a difference frequency component dose to 6 megacycles per sec. and 
this will be passed on by the narrow band filter to mixer 2, to which the output 
from the drift cancelled’oscillator is also fed. The difference frequency passes 
through the BP filter and is the desired harmonic. If the frequency of the 
drift cancelled oscillator increases by a small amount Af the first mixer output 
wifi decrease by a/, However in the second mixer the Af cancels out and 
hence drift free output is obtabed. 
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3. Alternative approach to direct synthesis technique 

In the direct frequency synthesizer discussed above, the frequency accuracy 
of any output generator is the same as that of the frequency standard. But 
mixers produce spurious frequencies and even with complex filters it is not 
possible to suppress these frequencies and generate signals of absolute purity. 
In practice these spurious products are of too high a level for a communication 
equipment except where narrow frequency spectrums meet the communication 
requirements. 

An alternative approach to the direct synthesis technique is to derive the 
required frequency from a locked oscillator by a partial synthesis process. 

Fig. 4 shows the frequency snythesizer system (FSS) used in a transreceiver 
operating in the frequency range of 30 to 75.95 kilocycles per sec. This range 
is in two bands. The channel spacing is 50 kilocycles per sec. The FSS is 
used for both transmission and reception. The block diagram shows that 
a closed loop automatic phase control system is used to lock the variable fre¬ 
quency oscillator (VFO). 

By mechanical differential motion the VFO tuning shaft is. set to the re¬ 
quired position corresponding to the selected frequency setting. This is done 
by the kilocycles per sec. and megacycles per sec. switches on the front panel. 
For illustrative purposes, the frequencies at different points in the synthesizer 
are shown for two received frequencies 33.10 megacycles per sec. (low band) 
and 68.45 megacycles per sec. (high band). While transmitting the frequencies 
will be 50 kilocycles per sec. less at these points unless otherwise stated. 

The frequency range of VFO is 41.5 to 64.45 megacycles per sec. The 
VFO generates 11.5 megacycles per sec. above the carrier frequency on low 
band and 11.5 megacycles per sec. below the carrier frequency on high band. 
The VFO output passes through two isolating stages, FSS buffer, and FSS 1st 
mixer buffer. During transmission, the VFO frequency is shifted 50 kilocycles 
per sec. lower than during reception. 

The output of 1 megacycles per sec. crystal oscillator is fed to the pulse 
generator where it is distorted. The output of the pulse generator is a fre¬ 
quency spectrum ranging from 1 megacycles per sec. to 12 megacycles per sec. 
in 1 megacycles per sec. increment. The frequency spectrum remains un¬ 
changed during transmission. 

The pulse generator output is applied to FSS first mixer. The beat fre¬ 
quencies of FSS first mixer are applied to 53 megacycles per sec. filter which 
has a band width of 2 megacycles per sec. centred at 53 megacycles per sec. 
Hence the sum or the difference frequency which lies within this range will 
be passed by 53 megacycles per sec. filter to F§S second mixer. 

The output of the 100 kilocycles per sec, interval oscillator ranges from 
46.85-47.75 megacycles per sec. in 100 kilocycles per sec. increments. This 
is independent of receive-transmit condition. The specific frequency depends 
on the frequency selected by kilocycles per sec, tuning knobj that is whichever 
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50 or 100 kilocycles per sec. channel point is selected. If the channel point 
selected is in terms of 100 kilocycles per sec. the 100 kilocycles per sec. interval 
oscillator frequency is obtained by adding 46.85 megacycles per sec. to the specific 
100 kilocycles per sec. channel point. If it is 50 kilocycles per sec. channel 
point, 46.9 megacycles per sec. should be added to the specific 50 kilocycles per 
sec. channel point to arrive at the frequency of 100 kilocycles per sec. interval 
oscillator. Only in the case of 95 megacycles per sec. channel point, this rela¬ 
tionship does not hold good. In this case the oscillator frequency is 46.85 
megacycles per sec. The interval oscilator frequencies for various setting of 
tuning knob is given in Fig. 4. 

The output of the second mixer is the difference between the two input 
frequencies. It is easily seen that the FSS-IF will always be 5.65 megacycles 
per sec. at 100 kilocycles per sec. channel point and 5.60 megacyles per sec. 
at 50 kilocycles per sec. channel point. The values are 50 kilocycles per sec. 
lower during transmission. 

The IF-signal after amplification and limiting in FSS-IF amplifier is 
applied to the frequency discriminator and to the phase camparator (Fig. 5). The 
output from 50 kilocycles per sec. interval oscillator is also applied to phase 
comparator. The 50 kilocycles per sec. interval oscillator generates one of the 
three frequencies 5.55 megacycles per sec., 5.60 megacycles per sec., or 5.65 
magacycles per see. If the kilocycles per sec. tuning knob is set in terms of 50 
kilocycles per sec. the oscillator frequency will be 5.60 megacyles per sec. and if 
the knob is set in terms of 100 kilocycles per sec. the oscillator frequency is 5.65 
megacycles per sec. During transmission, the frequencies will be 50 kilocycles 
per sec. lower. The output of 50 kilocycles per sec. interval oscillator which 
serves as reference is fed to the phase comparator. The phase comparator 
also receives signal from FSS-IF amplifiers. 



Fig. 5 


The output of the phase comparator is a D.C, voltage proportional to the 
phase difference between the reference signal and FSS-IF signal. This D.C. 
error voltage which is part of the automatic phase control (APQ) voltage ia 
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applied to the APC modulator. The APC modulacor is a varicap (voltage 
variable capacitance diode) device. Its capacitance value changes in accor¬ 
dance with the D.C. error voltage applied to it. Since this is across the tuned 
circuit of the VFO, the frequency of VFO is altered accordingly. Hence the 
error signal from the phase comparator causes the VFO to phase lock to the 
required frequency. 

The capture range of the APC loop is limited. If VFO drifts too far from 
the correct frequency, then the phase discriminator becomes ineffective and 
cannot bring VFO to the correct frequency. The capture range is also re¬ 
duced by insertion of the anti-hunt network. 

To extend the capture range, a frequency discriminator is used in addition 
to the phase discriminator. Since the sensitivity of the frequency discriminator 
is low near the centre frequency, it has little effect there and operation is 
governed in this range by the phase discriminator. Beyond the capture range 
of the discriminator, however, the frequency discriminator delivers the required 
voltage to reduce the error to a point where the phase discriminator can taken 
control. 

The necessity for a pure VFO output is particularly stringent for the re¬ 
ceiver in a communication system where the spurious signal should be at least 
100 dB below the wanted signal. This is especially required to avoid mutual 
interference in vehicle borne installations which call for high power transmitters 
and sensitive receivers to operate simultaneously and in close proximity. A 
pure output is characteristic of the partial synthesizer described above which 
uses a phase-locked oscillator as its output frequency generator. 
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Summary 

A pitch finder circuit has been developed to find instantaneously the 
pitch of voiced sounds. The circuit utilizes the fact that a voiced speech 
wave contains a large peak at the onset of each pitch period. The circuit 
consists of a chain of amplifiers, each one of them acting like an instan¬ 
taneous expander, expanding the larger amplitude components while sup¬ 
pressing the smaller ones. Two monostable circuits are added to the chain 
of amplifiers, to shape the output and provide error free operation in enabling 
the circuit to provide one rectangular pulse for each pitch period of the input 
wave. An AGC amplifier at the input ensures optimum performance of 
the circuit under varying speech levels. 

1. Introduction 

Speech can be broadly classified into two classes of sound, voiced and 
unvoiced. Voiced sounds are produced by vibratory movement of the vocal 
cords interrupting the smooth flow of air from the lungs resulting in a trans¬ 
mission of energy in the form of a series of periodic impulses, to the vocal cavi¬ 
ties. The waveform of these pulses gets modified by the resonances of vocal 
and nasal cavities through which energy flows out into the open air producing 
vowels and vowel-like consonants. The unvoiced sounds are produced by the 
flow of air through constrictions in the vocal tract which cause turbulence. 
While the voiced sounds exhibit certain periodicty and well-defined frequency 
resonances, the unvoiced sounds contain rather broad bands of energy and do 
not have any periodicity. 

A speech compression system or a vocoder (voice coder) usually is com¬ 
prised of: (i) means for analyzing the speech wave, and extracting the im¬ 
portant acoustic parameters which are vital for intelligibility at the transmitting 
end; (ii) means for transmitting these parameters through the transmission 
channel in some code to the distant end ; and (iii) means for decoding the 
received input at the receiver, and synthesizing speech. In short any speech 
compression system must have means for real time analysis and synthesis of 
speech. 

It has been very well recognized that the low frequency periodicity which 
the voiced sounds exhibit and which is called the ‘pitch’ of the voice, consti¬ 
tutes an important factor in the intelligibility of speech. Hence, an accurate 

♦Presented at the Symposium on ‘Modem Electronic Communication Techniques* held 
in Hyderabad on August 26, 1967 
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and precise determination of pitch is of vital importance in Formant and 
channel vocoders which utilize pitch for synthesis of voiced speech. 

Fig. 1 shows an electrical analogue for production of waveforms analo¬ 
gous to those of voiced sounds. The pitch pulses produced by the vocal cords 
are roughly of the sawtooth waveshape and the three tuned circuits correspond 
to the predominant resonances taking place in the cavities of the vocal tract. 
Each pulse produces basically a damped oscillation in the vocal tract. It is 
obvious that the output will contain a fundamental periodicity equal to the 
pitch pulses, and that the commencement of each fundamental cycle of sound 
is characterized by the maximum amplitude. 

Some typical voiced speech waveforms are given in Fig. 2. A study of 
a large number of voiced speech waveforms, reveals that the amplitude of the 
wave reaches the maximum, and decays to a low value during every pitch 
period of a voiced sound and that the value of these maxima during the various 
pitch periods is the same for the duration of any one voiced sound. The cir¬ 
cuit used to find the pitch, discriminates the largest amplitude peak during 
any one pitch period from the other amplitude peaks occurring during the same 
period, and produces one pulse at the output corresponding to the time of 
occurrence of the largest amplitude peak during the pitch period. 

2. Working of the pitch finder 

Fig. 3 shows the block schemetic diagram of the pitch finder circuit. The 
microphone with proper polarity is connected to a preamplifier and followed 
up by an AGG amplifier which gives a reasonably constant output irrespective 
of the position of speaker near the microphone. The output of the AGC 
amplifier is fed to a chain of seven expander amplifiers in cascade (the term 
‘expander 5 is used rather loosely for want of a better term to signify its opera¬ 
tion) isolated by emitter followers between each of them. 

The expander amplifier 

The principle of working of this amplifier is extremely simple. It uti¬ 
lizes the non-linear input characteristic—input voltage vs. input current (Ub* 
~ h) of a common emitter transistor configuration (Fig. 4). 

Hence, if a common-emitter transistor amplifier with D.C. base bias 
current approaching zero is driven from a constant voltage source (low im¬ 
pedance source) the collector current I c ( = jS J* ) will exponentially rise with 
increase in the base voltage. Hence for an A.C. input under the above condi¬ 
tion, the output will be zero for the negative portions of the input, and will be 
an expanded form of input for the positive portions. The larger amplitudes 
are considerably enhanced due to the non-linear characterisic, compared to 
lesser amplitude components. For example, if a waveform of the type given 
in Fig. 2 (i) is fed at the input, with peak A, just larger than B, the output will 
contain a peak corresponding to A, much larger than B. The rectification of 
the wave that takes place in the amplifier, due to class B-like operation is of no 
consequence to us as we are only interested in the amplification of the peaks, 
and their subsequent discrimination. 
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Fig. 4 

Input voltage vs. input current 


As the first approximation, we may consider that each expander amplifier 
of the type described has an output roughly proportional to the square of the 
input. If we cascade seven such amplifiers, the output will l5c proportional 
to (input) la8 . 

For example, if a wave like the one in Fig. 2 (i) is fed in at the input of this 

expander chain, and if the ratio of amplitudes,^- = 1.01, then at the output, 

JtS 

A 

jz ~ 2.5. This means that even if the amplitude of the largest peak is just 1% 

more than its neighbouring peaks in the input wave, the largest peak will be 
more or less able to swamp the neighbouring peaks completely at the output. 
This fantastic enhancement of the differences of amplitude levels at the input 
makes this portion of the circuit, the heart of the pitch finder 

3* Hie monostable molds 

There are still some difficulties to be overcome, before reliable pitch pulses 
can be produced by the circuit at the rate of 1 pulse per pitch period. Firstly, 
the circuit should be made to respond only to the largest peak and no output 
should be produced for the subsequent smaller peaks. Secondly, if, as occassion- 
ally happens, a second peak of almost idential amplitude equal to the largest 
peak, occurs within a pitch period, the pitchfinder should not respond to it. 
To design a circuit which will carry out this task, we will have to make a 
closer study of the speech waves. Such a study reveals that whenever two 
identically large maximum peaks occur within a pitch period, they are usually 
separated by not more than one-tenth of a pitch period, but never in any case 
by more than one-fifth of a pitch period. This fact coupled with our knowledge 
that the pitch frequency rarely exceeds 300 cycles per sec. enables us to design 
two monostable-multivibrators to be added to our expander chain in cascade, 
to eliminate the production of faulty pulses occuring at the output. 
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The first monostable triggered by the output of the expander chain pro¬ 
duces pulses of 3 millisec. duration. The trigger level can be conveniently 
adjusted to make the monostable immune to the output of the expander chain 
corresponding to the minor and secondary peaks. As the recovery time of the 
multi is more than 3 millisec., a second largest peak, even if it occurs during 
a pitch period, will not be able to trigger the multi. The second monostable 
is driven by the first and produces, sharp pulses of 20 microsec. duration each 
at the output. 

Some important factors taken into consideration in the design of the ex¬ 
pander chain deserve mention. 

Firstly, each expander amplifier has to be driven from a constant voltage 
source (a very low impedance source) if it has to function properly. Hence, 
each amplifier is driven by an emitter follower. 

Secondly, no amplifier should be allowed to saturate at the amplitude 
peaks. This is likely to occur, as the large amplitude peaks, undergo tremen¬ 
dous amplifiation. Hence the input level for each stage, and the collector 
resistance of the stage have to be carefully adjusted for elminating any possibi¬ 
lity of saturation. Variable resistances in series with fixed resistances were 
used in all the emitter leads of the emitter followers to tap out the optimum 
voltage for input to each expander amplifier. 

Thirdly, as each amplifier, produces a phase reversal of 180° and as the 
expander amplifier responds only to unipolar signals, NPN and PNP transis¬ 
tors were used alternately to make up the expander chain. 

Fourthly, as there are a large number of stages being cascaded, very large 
values of coupling condensers have to be used for eliminating appreciable phase 
shift or delay. 

The operation and adjustment of the AGC circuit has been found to be 
rather critical for optimum performance. 

4. Comments 

The distinctive feature of the circuit described is the fact that no time delay 
elements like integrators have been used here. Hence pitch pulses are detected 
without delay from the speech wave. 

If the pitch period requires to be indicated, then a circuit of the type 
described by Anderson* may be added to the circuit described. 

This circuit with some addition can also perform the task of voiced-un¬ 
voiced decision making which is of vital importance in conventional vocoders. 
The energy and the amplitude levels of the unvoiced sounds are rather small 
compared to those of voiced sounds. Because of the property of the circuit to 
completely suppress all low amplitude components, the pitch finder circuit will 
give no output when it is fed by unvoiced speech inputs. The absence of any 
output from the pitch finder for a period of more than 50 millisec. can 
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be made to trigger a circuit with a built-in delay to indicate the absence of a 
voiced sound. 
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Summary 

Historical evolution of tropospheric scatter communications and the 
present state of art and knowledge related to the system design parameters 
are outlined\ Modern trends in equipment design, transmitter powers, 
channel capacities, diversity reception, reliability and security aspects are 
discussed . Possibilities of application and potentialities of tropo-scatter 
systems in India for both civil and military purposes are described . 

1. Introduction 

Radio wave as a vehicle of communication is well known. Ever since 
the early days of radio the ‘communication engineer’ has been focussing his 
attention on two basic problems: first, in getting over the curvature of the 
earth which is as old as modern; and secondly, in the utilization of higher and 
higher frequencies of the radio spectrum to provide greater traffic handling 
capacity. The ionosphere and H.F. communication has been fully exploited 
during the past several years and a stage of saturation has been felt. As a result 
of the fantastic technological growth during the Second World War and later 
with the advent of satellites, new avenues have opened up in the field of com¬ 
munication systems employing U.H.F. and microwave frequencies. Tropos¬ 
pheric scatter and the satellite communication systems are among the impor¬ 
tant modern ventures aimed at the same basic problems. 

In this paper, the evolution of tropo-scatter systems, their capabilities and 
limitations, the propagation and system design parameters and the present 
state of art in the field are discussed. 

2. Historical background 

As early as 1933, Marconi, working in the frequency range 500-600 mega¬ 
cycles per sec. has realized the possibility of ‘tropospheric communication* 
beyond the horizon distances and foresaw considerable scope for its use. How¬ 
ever, this work was not followed up vigorously until 1949. At this time the 
knowledge of tropospheric fields occuring beyond the radio horizon distances 
was considered inadequate and for this reason the expansion programme of 
television service in the U.S.A. had to be frozen for some time. This has 
created the necessary background and pressure on various laboratories and 
companies to collect more data on the tropospheric scatter fields. Several of 
the resulting studies, 1 - 8 have indicated the occurrence of radio field strength 
at a much higher level than could be expected by the ‘smooth earth diffraction 

♦Presented at the Symposium on ‘Modem Electronic Communication Techniques, 9 
held in Hyderabad on August 26, 1967. 
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theory’. The violent Rayleigh type of fading of the received signal is taken to 
suggest some scattering mechanism of propagation. There are, however, other 
theories based on internal reflections and partial reflections from large inho¬ 
mogeneities in the troposphere. Although the mechanism of propagation is 
still considered debatable, much data has accumulated on the characteristics 
of propagation, such as, path losses, frequency dependence, fading, etc. By 
about 1952 it has been realized that this mechanism can be utilized for highly 
reliable point to point communication with a considerable bandwidth capa¬ 
bility. The first practical system known as ‘pole volt’ has been engineered 
in the year 1954 in Canada. From this time onwads there has been a con¬ 
tinuous and rapid growth of' technology and several firms have started making 
a number of commercial troposcatter systems, to meet a variety of defence and 
civilian requirements. By about 1965 it is estimated that a total of about- 
53,600 route-miles and a total of 2,687,000 channel-miles are covered by trot 
poscatter systems. 

3. Propagation parameters 

The tropospheric signals beyond the horizon arrive with maximum inten¬ 
sity in the horizontal direction along the great circle route so th^t the trans¬ 
mission and reception are usually carried out by means of large parabolic 
reflectors with narrow beamwidths. The typical propagation path profile is 
shown in Fig. 1. It will be seen that the transmitter and receiver beams will 
be looking into a common volume in the troposphere at a certain height de¬ 
pending on the angular distance between the transmitter and receiver locations. 
The variation of the height of this common volume with increasing distance bet¬ 
ween the terminals is shown in Fig. 2. Calculation for this is made assuming that 
4/3 of the true radius of the earth to allow for the standard downward curvature 
of the radio waves due to the decrease of atmospheric refractive index with height. 
From this figure, it will be seen that maximum single hop distance of the order 
of 800-1,000 km. will be possible when the common volume reaches the levels 
of the ‘tropopause’. Beyond this distance the losses will be much more and the 
systems become un-economical. For this reason, long distances are usually 
covered by a number of links connected in tandem. The signal strength 
variation with distance and the frequency as observed in the U.S.A. are shown 
in Figs. 3 and 4. These figures depict a comparison of the troposignals with 
respect to the signals expected by ‘smooth earth diffraction theory’. Com¬ 
parison is also made with the losses, encountered in ‘ionosphere scatter circuits.’ 



Fig. I 

A typical propa gat i o n path of a tropo-oeatter aystem 
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Variation of height with increasing distance between terminals 
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Variation of tropospheric signal with distance 
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The tropomedium being non-dispersive in nature, larger bandwidth 
capabilities are achieved. The useful bandwidths at points far beyond the 
horizon are at least one-tenth of corresponding bandwidths obtained in line- 
of-sight links. 



Variation of tropospheric signal with frequency 


The signal strengths are generally higher during night than during day. 
Marked diurnal variations are observable only at the low percentiles, generally 
in the lower decile. The diurnal curve generally flattens out in 93-99% values, 
showing that the propagation is relatively independent of the time of the day. 
The median 50% curve shows a range of 6 dB variation between the maxi¬ 
mum and the minimum. 

In the seasonal variation, the field intensity tends to be higher in summer 
premonsoon period and lower during monsoon and winter periods. From the 
upper air data analysis 4 of the radio meterological parameter, a N the differ¬ 
ence in refractivity in the first kilometre height shows that the annual range 
can be much larger in India than that observed in the U.K. This range can 
be as high as 21 dB at Bangalore while this is only 4.5 dB in the U.K. These 
ranges are computed based on the ranges observed in A N and the effective 
earth’s radius factor, K. This study has further revealed that there is practi¬ 
cally no correlation between the surface refractivity JV S9 and the difference, 
A N. This feature has been^ reported from other tropical regions in Africa 
also. The data from the U.S.A., U.K. and Germany indicate that there is 
a strong correlation between N s and A jV. This had led to the design of tropo- 
systems based on ff s as an important radio meteorological parameter* This 
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evidently will not be possible for tropical conditions in India. In general, the 
systems are to be designed for the worst conditions of propagation loss which 
might occur during certain months in the year. The annual ranges in N s> 
A N> K and A E the computed range of signal strength at different stations in 
India are shown in Table 1. In view of the fast fading experienced in these 
circuits, it will be necessary to use diversity reception techniques employing 
either space diversity or frequency diversity or both. 

Table 1 

Annual ranges of N s , A JV, K and a E 


Station 

N s 

A N 

j 

K 

E, dB 

Ahmedabad 

298-392 

30-69 

1.24-1.78 

18 

New Delhi 

300-394 

28-64 

1.22-1.69 

18 

Bangalore 

284-338 

30-77 

1.24-1.96 

21 

Visakhapatnam 

342-400 

50-95 

1.63-2.52 

15 

Bombay 

334-388 

50-94 

1.63-2.48 

15 

Port Blair 

368-390 

40-68 

1.33-1.76 

12 

British Isles 

318-346 

39-49 

1.32-1.45 

4.5 


Because of large path losses, large transmitter power and highly sensitive 
receiving equipment is necessary for reliable communication. In the frequency 
range of interest, only the receiver noise will be the limiting factor. So the 
reciever thresholds are sometimes improved, by adopting parametric ampli¬ 
fiers and tunnel-diode amplifier at the front end. 

1 Equipment description 

A block diagram of the equipment normally used at one of the tropo ter¬ 
minals is indicated in Fig. 5, Frequency division multiplex and FM transmi¬ 
ssion is the normal pratice followed. The several voice channels are translated 
in frequency and arranged in adjacent slots of 4 kilocycles per sec. bandwidth, 
which forms into what is known as a ‘baseband signal’. This signal will be 
initially amplified and used to frequency-modulate an intermediate frequency 
such as 30 or 70 megacycles per sec. A FM index of 3 is normally employed. 
This intermediate frequency is upconverted to desired carrier frequency by 
mixing with a steady local oscillator. Now this upconverted signal is amplified 
in power to generate about 1 watt of power which will be used to drive the 
power amplifier stage. All these functions are carried out in the portion of 
the circuit called ‘exciter*- The power level obtained at this level can be 
straightaway utilized in line-of-sight operation. The final stage of power 
amplifier consists of a high power Klystron along with its power supplies and 
protection system, Depending on the type and the capacity of the Klystron, 
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power of the order of 1 to 100 kW are generated. This power is fed through 
an isolator and a duplexor to the antenna feed system. For quadruple 
diversity reception, the information is transmitted on two different frequencies 
f x and / 2 and received on two other frequencies, / 3 and / 4 . This requires the 
use of two antennas separated by a distance of more than 100 A, at each of 
the terminals. The^antenna consisting of a dual-feed system and a parobolic 
reflector gives rise to substantial gain increasing the effective radiated power 
and confining the radiation to a narrow beam. Theoretically, this gain will be 
more at higher frequencies and with larger reflector diameters. However, in 
tropo systems in practice, an~antenna~gain beyond about 40 to 45 dB could not 
be achieved due to what is termed as ‘antenna-to-aperture coupling loss’. 



Tropo scatter communication terminal 

Fig* 5 

Block diagram ~of a typical tropo-scatter communication terminal 


In the receiver the signals are first taken through bandpass filters known 
as ‘preselectors’ and then to a tunnel-diode amplifier or parametric amplifier 
and a mixer to bring down the carrier frequency to an IF of 30 or 70 mega¬ 
cycles per sec. The signal is amplified in the IF chain and finally demodulated 
by means of conventional circuits.* The demodulated signal now consists of 
the baseband which is a composite traffic of incoming voice channels. The 
baseband signals from all the four receivers are combined in a suitable circuit 
to counter-act the fading effects. 
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In the latest designs solid state devices are employed to the maximum 
extent and some flexibility of the equipment is provided for the users to change 
the operating frequency, output power and antenna dishes in order to meet 
any special requirement or situation. This is achieved by adopting common 
equipment upto IF chain in both transmitter and receiver circuits and adop¬ 
ting modular construction for the excitor and the power amplifier circuits. A 
maximum number of 300 voice-channels can be handled in these systems re¬ 
quiring a bandwidth of about 10 megacycles per sec. in the receivers. How¬ 
ever depending on the distance between the terminals and the path losses in¬ 
volved, the maximum channel capacity has to be worked out. 

5* System design parameters 

In designing an operational system, two approaches can be followed. One 
is to design a system for a specific requirement of the channel capacity and a 
fixed path and to calculate the required transmitter power and the equipment 
configuration. In the other approach, equipment is designed with standard 
specifications of power, antenna dishes and channel capacity and work out 
the radio gain and applicability in different paths. In the first approach, the 
system losses are to be evaluated. The losses consist of free space loss, tro- 
po loss, and cable losses. Once the total system loss is known and the carrier 
to noise ratio requirement at the receiver is known, the equipment requirements 
afe worked out. In the second approach the receiver noise threshold, the 
signal-noise ratio, the transmitter power, and antenna gains available are 
combined to yield the total system gain or radio gain. With this available gain, 
the designer computes the probable coverage of distance and the percentage 
reliabilities to be expected with such a system. 

6. Conclusions 

In conclusion, it may be stated that with a large number of tropo links 
already commissioned in different parts of the world, the system design has 
reached a near-perfect stage except that certain variations in tropo loss, which 
are likely to occur in the tropical regions/are'not 'yet fully established. 
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Summary 

Various stages in the development of communication satellites have 
been described\ Technical characteristics of important satellites have been 
mentioned . Their military applications are discussed\ Modern trends 
in their design have been indicated . Characteristics of the Experimental 
Satellite Earth Station, recently established at Ahmedabad, have been men¬ 
tioned. 

1. Introduction 

The space age started on October 4, 1957, with the launching of the satellite 
Sputnik by the Russians. This was followed in rapid succession by many 
such satellites for various scientific observations. The Score satellite was first 
used to receive and re-transmit wireless messages. Since then Courier, Echo, 
Relay and Syncom and numerous other communication sarellites are being 
successfully used as links for establishing communications between distant 
stations. In this .paper, a discussion on the techniques used for the successful 
operation of these satellites, their performance, capability and modern trends 
in their design ancLapplications have been discussed. 

2* Need for communication satellites 

The steady and rapid growth of internal and oversea telephone and tele¬ 
graph traffic are saturating the existing land and underwater cable systems and 
wireless communication systems. These conventional systems cannot be ex¬ 
panded to meet these requirements due to overloading of channels, and the 
vagaries of the transmission media. The cost of cable links has increased 
enormously. The bandwidth offered by cables is not sufficient for wideband 
systems like the TV. The transmission of even a single wideband TV message 
is not possible through the Atlantic even if all the existing undersea telephone 
channels are used. A new system of using the wideband capabilities of micro- 
waves was required. The two present systems of communication, namely, 
(i) troposcatter system, and (ii) satellite communication system, fill this need. 
Each has got its own merits and demerits. The satellite communicatiqn 
system has the advantage that a single satellite can be used by a number of 
ground stations widely separated apart. In view of their flexibility, huge 
capacity and reliability, communications satellites have pervaded the field of 
communication in a big way. Fig, 1 shows the transmission path of various 

types of communication systems. * 

- )| tr . - . - ■ mmm . . m _ f f ‘ - . ... 

•Presented at the Sym p osiu m on ‘Modern JElectronic Cpjjjmunkation Te$|}jjjque»’ held 
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3* Types of systems 

Communication satellites could be broadly divided into two categories* 
passive and active. The passive communication satellite has a reflecting surface 
which merely reflects the signal received from one point on the earth to a 
second point on the earth. It does not contain any active electronic equip¬ 
ment. The active satellite contains a radio receiver which receives the radio 
signal from one point of the earth, amplifies the signal and by means of a trans¬ 
mitter re-transmits it to another point on the earth at a different frequency. 
A passive system has no capability for amplification within the Satellite, and 
as such requires more powerful ground transmitters. However, the absence 
pf any electronic parts in a passive system makes it more reliable. 
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Passive satellites 

Experiments have been carried out with two types of passive satellites. 
The first type called ‘Echo* was a large spherical structure made of 100 ft. 
diameter aluminized mylar plastic, and was \ ut into an elliptical orbit. The 
second type was the ‘West ford’ type, in which a large volume of space was 
filled with a number of tiny passive satellites (metallic foils). 

An isotropic reflector like the ‘Echo’ is wasteful of energy, as only a small 
part of its surface reflects energy in the useful direction {i.e., towards the ground 
receiving station). 

In the ‘West ford* type of satellites, the individual elements are small 
compared to a wavelength and millions of them are distributed in a volume 
of space. These are not suitable in their present state for commercial 
exploitation. For commercial use, an ‘advanced passive combat* is being 
designed. 

Active satellites 

% 

These could be considered under two basic types : delayed repeater (store 
and forward) and line-of-sight (real time) repeater. In the delayed type, 
a ground station transmits a message to a satellite passing overhead. The 
message is stored on a tape recorder in the satellite and then played back 
through the satellite transmitter when the satellite passes over the appropriate 
ground receiving station. These are low altitude types, and the motion of 
the satellite is essential for getting the message from place to place. In this 
system, the message is delayed the period of delay depending upon the distance 
between the two stations and the trajectory of the satellite. The Score (Dec¬ 
ember 1958) and ‘Courier* (October i960) belonged to this category. The 
line-of-sight ((real time) type of active satellite can be either of the synchronous 
altitude type or of the intermediate altitude type. ‘Telstar’ (July 1962) and 
‘Relay* (December 1962) were of the intermediate altitude type whereas 
‘Syncom’ (July 1963) and ‘Early Bird’ (April 1965) were of the synchronous 
type. Brief particulars of some of the important communication satellites al¬ 
ready launched and planned for future launching are given in Appendix 1. 
The calender slowing the landing of major communication satellites is given 
in Appendix 2. 

4. Orbits 

A satellite has to be put into its proper orbit by a suitable launching vehicle. 
Orbits may be circular or eccentric (elliptical). A circular orbit requires a 
specific combination of velocity, direction and altitude and is difficult to achieve. 
Natural orbits are generally eccentric. * ‘ ■ 

The ‘six orbital dements 9 defining a satellite orbit in space are given in 
Fig. 2. 




Fig. 2 

Orbital parameters for specifying location of orbit in apace relative to earth 

The satellite will be in circular orbit if the centrifugal force associated 
with the satellite in motion is equal to the gravitational attraction between 
earth and satellite. 

V % 

Centrifugal force = m s ~ 

Gravitational force = / 1 

J r 

Equating the two, 

m s V 1 r m e m s 

~T~ J r* 

V- /T^T _ i-996 Xjo? 

V r V r 

where » is the satellite velocity (in cm. per sec.), m« the earth mass, m, the 
satellite mass, f the gravitational control (6.67 x 18*®), and r the distance from 
centre Of mass of earth to centre of mas of satellite (in cm.). 
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Hence, for a circular orbit, a required velocity exists at every satellite 
altitude. If satellite velocity is less than this circular velocity, satellite orbit 
will be an ellipse, with apogee at circular altitude. If satellite velocity is 
greater than the circular velocity, the satellite orbit will be an ellipse with 
perigee at circular altitude. 

For a given altitude, there is a specific velocity required for a satellite to 
occupy a specific orbit. The act of providing this velocity is called ‘injection 
into orbit*. The direction of injection velocity is tangential to desired orbit. 

One of the methods employed for bringing a satellite to a circular orbit 
is to use an ‘apogee kick* technique. This is shown in Fig. 3, for a ‘Syncom\ 
First the satellite is injected into a highly eccentric ellipse. When the target 
reaches apogee at the desired altitude for circular orbit, the velocity is less than 
the velocity required for circular orbit at that altitude. This velocity is made 
up to the required velocity for circular orbit at that altitude by firing an addi¬ 
tional rocket, in a direction parallel to earth’s surface. The satellite is placed 
in circular orbit. The intermediate elliptic orbit is called the transfer orbit. 



Mode of putting *SYNCOM* into syadbroneue orbit 

Syncom orbit 

Project ‘Syncotn 9 was designed*to develop the capability of launching 
satellites into synchronous orbit and demonstrating their utility. 

The basic three-stage booster could place 150 llx in elliptical orbit at p# 
apogee of 252,300 miles, with the load spin stabilized with the spjta axis in die 




NA6ARAJA RAO : SATELLITE COMMUNICATION SYSTEM 

orbital plane. An ‘apogee kick’ rocket motor carried in the satellite gave 
velocity increment to place satellite in circular orbit at 22,300 mile altitude, 
with a final weight of 78 lb. In the final stage of Syncom I and II, the satel¬ 
lite was in synchronous orbit inclined 33 degrees to equator with a period of 
24 hours. 

After spin axis has been placed in final orientation perpendicular to the 
orbital plane, velocity corrections are accomplished by using a lateral ‘thruster’. 

Syncom III was put into a truly ‘stationary orbit’ instead of the inclined 
synchronous orbit of Syncom II by using a more powerful third stage rocket. 
The sub-satellite point or earth track described by Syncom II is a figure of 
eight moving north and south of the equator every 24 hours by an amount 
equal to the inclination of the orbit in degrees. Since Syncom III has zero 
inclination, (*.*., lines in equatorial plane) its earth track is a stationary point 
on the earths equator. 

Random orbits 

The Initial Defence Satellite Communication Programme (IDSCP) 
planned for strategic communication consists of a worldwide network of ground 
stations and about twenty satellites in randomly spaced near-synchronous 
equatorial orbits. These satellites will be at several altitudes near 18,300 
nautical miles. The distance between satellites varies continuously. How¬ 
ever orbital parameters have been so chosen that satellites will never bunch. 
Since they are not at synchronous altitude, they will drift slowly across the 
earth at about 30° per day. There is little difference between coverage angles 
at altitudes of 15,000 to 21,000 nautical miles. The drift is below 50° per day 
for altitudes above 1,700 nautical miles. Fig. 4 shows drift and coverage as 
a function of altitude. 

Near-synchronous random orbits ensure that if one satellite malfunctions, 
another satellite will eventually be in place to provide communication capa¬ 
city. Also such satellites can operate without station keeping controls, thus 
preventing the enemy form changing the orbit of the satellites and disrupting 
communications. 

5* Stabilization 

To imprpve the gain, directional antennas are being introduced in satel¬ 
lites. This necessitates methods to stabilize the satellite to direct the antenna 
towards the earth. In ‘spin’ stabilization, the satellite is spun about the axis 
of symmetry at 10 to 150 revolutions per min. The satellite is gyro-stabilized 
and the spin axis is inerdally oriented in space. If spin axis is perpendicular 
to the plane of satellites orbit, an antenna beam (a figure of rotation about the 
spin axis) will continuously impinge upon the earth. An antenna with a 
pencil beam just subtended by the earth will give the maximum gain. Use 
of such antenna requires complete stabilization of the satellite. Fig. 5 shows 
the relative communication capacity for various types of stabilization. In 
practice, it is very difficult to obtain full stabilization. 
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Drift of a uon-fttationary satellite as a function of altitude 


Since antenna is omnidirectional about spin axis, a large portion of the 
energy is radiated into space. To eliminate this loss, de-spun antennas are 
used. De-spinning can be achieved mechanically or by electronic scanning, 
so that the unidirectional beam is rotated opposite to the spin of the satellite. 
This ensures that the beam will remain stationary with respect to the earth, 
radiating all the power towards the earth. 

Another method of stabilization is the ‘gravity gradient stabilization 
(G.G.S.). This is based on the tendency of a body in orbit to align itself with 
its long axis the axis of minimum moment of inertia) pointing towards 
the earth, because of the variation in gravitational attraction with distance. 
The G.G.S. enables earth oriented synchronous satellites to remain within 
about 3° of the desired orientation. Better orientation is not possible, due to 
the torque produced by thrusters used for station keeping. 

The G.G.S. has been tested ujSto about 600-mile altitude. Whether it 
will work at synchronous altitude is yet to be seen, since the pull at synchronous 

altitude is only of the pull experienced by it at 600 miles, ; 
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Relative communication capacity vs. altitude and altitude stabilization 
6. Coverage 

To cover a certain portion of the earth for communication purposes, the 
number of satellites required when orbiting at higher altitudes is fewer than 
the number required for orbits at lower altitudes. The mutual visibility can 
be calculated by spherical geometry. The zone of visibility can also be des¬ 
cribed in terms of a slant range form satellite to horizon, ground station’s 
seperation and the satellites beamwidth as shown in Fig. 6. 

The probability of service (in percentage) as a function of seperation 
between ground stations and orbit altitude is shown in Fig. 7. Reliability of 
service can be increased by using a larger number of satellites. This is shown 
in Fig. 8 which is based on circular orbits for both random and synchronized 
sp ac i ng of satellites. 
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7. Design of ground stations 

Ground station is an important part of satellite communication system. 
Since the satellite is at a great distance from the ground station, and can 
radiate only a small amount of power, the ground station equipment must be 
extremely sensitive. 

A sensitive receiver, of high-gain directional antenna, and an accurate 
antenna mounting and pointing device are essential components of a 'ground 
station’. Since the beam intensity decreases rather rapidly from the centre 
toward the edges, it is necesary to point the antenna with greater accuracy 
than one beamwidth (fc to & is a good practical value). Some of these 
stations are equipped with digital computers to convert orbital data ^ a 



34& 


NACARAJA RAO : SATfeLLITE COMMUNICATION SYSTEM 

satellite into pointing directions. A non-stationary satellite system, requires 
more than one antenna system, for ‘hand over* capability. 

Parabolic antennas are generally used for ground stations, some of them 
with Cassegrain feed. 

Noise temperatures of antenna and front end of receiver are important 
factors in ground station sensitivity. Antenna noise temperature depends on 
the degree to which its design permits radiation from extraneous noise sources 
to get into the system. (A typical figure is 0.5°K for a large horn antenna; 
and 5°K to 10°K for a Cassegrain type at the zenith). Fig. 9 shows the noise 
temperature as a function of frequency for a number of common receiver front 
ends. The maser gives the lowest noise contribution, but is the most complex 
and expensive. This is used in large stations with high communication capa¬ 
city. Both maser and cooled parametric amplifiers require artificial cooling 
to temperatures near absolute zero. 



*2*7 

Pfobsl^lity .osk seevloc front n otfigle ntd M te 


THE INSTITUTION Of ENGINEERS (INDIA) 


*46 



Number of satellites required for synchronised nmf 
random orbital spacing 

Transmitter powers are of the order of 5 to 20 kW, over a wide bandwidth. 
Generally either TWTS or Klystrons are used in the output stage of transmitters. 

8. Satellite communication in India 

India is entering' the field of global communication through satellites by 
establishing two ground stations. The installation of the first station has just 
been completed at Ahmedabad. This is called the ‘Experimental Sa tellite 
Communication Earth Station’, and has been construction by the Department 
of Atomic Energy, Government of Intiia, at a cost of Rs. 1.75 crores with pa rtial 
financial assistance from the United Nations Special Fund. This station will 
trade and operate with communication satellites, participate in tests and de¬ 
monstrations with other countries having similar faci l ities on a mutual basis 
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Noise performance of low noise paramplifiers 


and provide training and research facilities for engineers and technicians from 
India and foreign countries. Tests will initially be carried out by collabora¬ 
ting with N.A.S.A., U.S.A., using ‘Application Technology Satellites’, on 
transmission of multichannel telegraph, speech, TV, digital data and facsimile 
signals on two separate modes of operation : frequency translation and multiple 
access. 

The main satellite communication equipment was supplied by Nippon 
Electric Company. The multiplexing equipment has been supplied by the 
Indian Telephone Industries, Bangalore. The transmitter works in the fre¬ 
quency range of 6,200-6,315 megacycles per sec. using a Klystron giving a 
frequency-modulated power output of 5 kW. The receiver works in the fre¬ 
quency range of 3,700-4,200 megacycles per sec. with an frequency-modulated 
of 70 megacycles per sec. (IF bandwidth is 25 megacycles per sec. and RF 
bandwidth is 90 megacycles per sec.). The pre-amplifier stages consist of one 
liquid nitrogen cooled parametric amplifier, one uncooled parametric ampli¬ 
fier and one tunnel diode amplifier. The antenna consists of a 14-m. para¬ 
bolic dish with Cassegrain feed, with a gain~of 55.5 dB for transmission fre¬ 
quencies and 52.3 dB for reception frequencies. Facilities for manual tracking 
and servo-controlled auto-tracking are provided, with facilities for rotation of 
± 360° in azimuth and —2° to + 93° in elevation. 

Hie second station is being set up near Poona by the Overseas Communi¬ 
cations Service for normal commercial traffic. 




$48 


THE INSTITUTION OF ENGINEERS (INDIA) 


9 . Military applications 

Military systems all over the world are planning the utilization of active 
satellite repeaters to have a highly reliable communication system free from 
atmospheric and ionospheric effects and invulnerable to countermeasures. 

The military systems require such systems for their long range point-to- 
point (strategic) and short range (tactical) communication systems. Till these 
systems are fully established, leased channels on commercial satellites will be 
used for long haul, point-to-point administrative traffic. 

The strategic communication system involves a worldwide distribution 
network of communication trunks utilizing diverse transmission media inter¬ 
connected by appropriate switching centres. The system should provide 
communication for command, control, logistics, intelligence, weather, ad¬ 
ministration, etc. For strategic system the Initial Defence Communication 
Satellite Programme (IDCSP) is being introduced initially in the U.S.A. These 
consist of a total of twenty-four (97-lb.) satellites, launched eight at a time by 
a Titan 3-C booster, near equatorial predetermined orbits of 18,200 nautical 
miles. The RF output will be 2.5 to 3 watts, with a circularly polarized bico- 
nical array having 25° bcamwidth, continuously illuminating the ea?th segment 
below. The experience gained will be used to launch eight Advanced Defence 
Communication Satellites (ADCSP) with each satellite having 30 times more 
capability than IDCSP, and anti-jamming facilities. Such ADCSP satellites 
will have mechanical/electrical de-spun antennas, with multi-access facilities 
and will use Crypto-secure codes with keystream generation. The long range 
systems use will big and sophisticated ground stations (fixed or transportable). 

The short range ‘tactical’ system are required for use between a number of 
stations at shorter distances like troops in field, ships and aircraft. These 
tactical Satcom programmes will be taken up later with satellites (weighing 
1,500-1,800 lb.) in near-synchronous equatorial orbits working on VHF band 
as well as on 7,925 to 8,025 megacycles per sec. for reception and 7,250 to 7,300 
for re-transmission. The ground stations (which will be transportable) will 
be simplified at the expense of a complicated satellite. Such satellites will be 
used by thousands of users for communicating short bits of information. The 
near-synchronous altitude random orbits will be utilized for this system. 

For military use, a frequency band of 7.9 to 8.4 gigacycles per sec. has 
been allotted for ground transmissions, and 7.25 to 7.75 gigacycles per sec. for 
the satellite transmissions. 

10* Modern trends in the design of satellites 

The design of communication satellites is undergoing rapid changes as 
experience is gained on the satellites in orbit. Some of the modem trends in 
the design of such satellites are indicated below. 

Physical specifications 

The size and weight of the satellite have been continuously on the increase 
to obtain greater channel and performance capabilities, Some tfc aefivsp 
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satellites planned or the 1970s weigh as much as 1,600 lb. (ATS) and 3,000 lb. 
(Advanced domestic cosmat). Advanced passive cosmat is likely to weigh 
as much as 120,000 lb. 

Various types of stabilization of satellite antennas are being tried out. The 
present spin-stabilized antennas will be replaced by an electronically or mecha¬ 
nically de-spun phased array antennas or gravity gradient stabilized antennas, 
both of which are under development. Another type of antenna projected 
is a steerable horn antenna. To obtain a higher antenna gain, plans are under 
consideration to unfold at synchronous altitude, foldable ‘Sunflower’ antenna 
dishes 15 ft. in diameter. The unfolding may be done by pneumatic system. 
Antennas will be continuously controlled so that they are always directed to¬ 
wards the earth. 

Launching of satellites is being economized by launching upto eight 
satellites by a single booster vehicle. 

Technical specifications 

The RF output from the communication satellite is being increased by 
either using more powerful TWTs or using a number of low power TWTs in 
parallel (which incidentally ensures the continuity of service even if one TWT 
fails), while TWTs of 6-watt output arc being used at present, TWTs with 
30-watt output are being experimented. The RF output of the order of 4 kW 
is being planned for next generation of satellites. 

With the increase of RF power output, the total input power requirements 
of the satellite are rapidly increasing. The physical size of the satellite be¬ 
comes too unweildy if the solar cells are greatly increased in number to cater 
for increased power requirements. To keep down the size of the satellite, a 
number of foldable panels carrying the solar cells may be attached to the main 
body. The efficiency of solar cells in orbit is progressively reduced due to a 
variety of environmental factors. The later generation of power supplies 
may use solar thermo-electric systems, solar dynamic systems or SNAP (Sys¬ 
tem for Neuclear Auxiliary Power) neuclear reactors, to meet the large power 
requirements. 

The SNAP system is unaffected by satellite altitude, orientation, and 
Van-Alien belt radiation. 

At present the frequency of operation (for civil use) is being concentrated 
in 6 gigacycles per sec. band transmission from ground and 4 gigacycles per 
sec. band transmission from satellite. For military systems, 7 and 8 gigacycles 
per sec. bands are being used. For aeronautical comsats the VHF band is 
being utilised and proposals for shifting over to UHF band are being consi¬ 
dered* The microwave bands are getting congested due to the large band- 
widths required for multi-channel and multi-access satellites. The use of 16 
gigacycles per sec. and 36 gigacycles per sec. bands is being envisaged to avoid 
ground network interference and obtain the higher bandwidth possible at 
h^her frequencies, The atmospheric attenuation^ these frequencies is likely 
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to be offset by the increased antenna size. The ATS-E will be exploring the 
utility of these millimetre bands. 

Tunnel-diode front ends are being employed to increase the satellite re¬ 
ceiver gain. 

The predicted life of the satellites now in orbit are of the order of one to 
two years. The life of the satellite is estimated from the life of some of the 
critical components like the TWT, solar battery, degradation, moving parts, 
if any, the depletion of gas used for precession jets, etc. With alround improve¬ 
ments taking place in these fields, a forecast of a much longer life of the order 
of 10 to 30 years is predicted for the future satellites. 

Applications 

In the field of utilization, there is a trend towards multipurpose satellites 
capable of performing more than one function (like communications, air 
traffic control, TV, etc.). The number of channels available in a single satel¬ 
lite is being progressively increased. For example, in the ‘Advanced Domes¬ 
tic Comsat’ being planned, a total of 24 TV channels plus 60,000 voice-cir¬ 
cuits are being catered for. By sharing a single satellite among many users 
service costs can be reduced and small and large ground terminals with differ¬ 
ing communication requirements can participate at the same time. The first 
ATS-B satellite will test the multiple-access technique using frequency division 
multiplex (FDM). The FDM requires huge bandwidth, sometimes of the 
order of 500 • megacycles per sec. and use of linear wideband tunnel-diode 
amplifiers on the satellite. Other methods like the Time Division Multiplex 
(TDM) and Pulse Code Modulation (PCM) are proposed for future systems. 
The PCM requires each carrier to be coded with a pseudo random ‘key’ in 
addition to voice information. Receivers with correct ‘key’ receive the desired 
signals while undesired signals appear as a slight increase in background noise. 
This method permits many access to be made on the same frequency without 
interference, the combined signal in satellite appearing like background noise. 
The security provided by this system makes it particularly useful for military 
systems. 

One of the most exciting applications would be the possibility of data 
transmission by satellites, e.g., computer-to-computer hook-ups via satellites. 
Distribution of the Central TV programmes to a network of local TV stations 
will be carried out via satellites instead of through ground links, as is being 
done at ^present. Direct satellite-to-home television service would be possible 
in the near future. 

Communication satellites will be used for collecting mateorological in¬ 
formation from a world wide network of weather observation stations and feed 
the data to a master computer complex to obtain the world weather picture. 
The same satellite network will be used to distribute the met analysis and 

forecast to cities and towns all over the world. 

» 

11. World wide satellite' communication network 

Fig. 10 shows the network of satellite ground terminals, and communi* 
atl^n satellites which are operational, being built or In the planning stage. . 
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Name 

Function 

Launching date and results 

Orbit 

Technical specifications 

Weight and dimensions 




Passive satellites 



ECHO 

Passive reflector, inflatable 
balloon of Gore construction, 
aluminized 

1. August 12,1960, still in orbit 

2. January 25,1961 

1. 1049/945 miles 

1. Reflected 960 and 2,390 
magacydespersec. 

Contact between the U.S.A. 
and the U.S.S.R, 

Launch vehicle carried a TV 
camera, movie camera and 
a transmitter 

1. 100 ft. diameter, 150 lb. 

2. 135 ft. diameter, 550 lb. 

WEST FORD 

Passive reflection by volume 
dispersed randomly oriented 
dipoles 

May 9,1963 

Disadvantages were: range 
smear and Doppler smear 
due to common volume of 
two antennas). 

Circular 

Tested on 8,350 and 7,750 
megacycles per sec. 

} in. long, 0.0007 in., 20 kg. 

SCORE 

Delayed repeater (receives 
stores, and retransmits) 

December 18,1958 (12 days’ 
life), delays upto 2 hr. 

Active satellites 

114 miles 

1, Transmitter 132 megacycles 
per sec., 8 watts 

2, Receiver 150 megacycles 
per sec; both receiver and 
transmitter duplicated; dry 
battery operated 

1501b. 

COURIER 

Delayed repeater 

- 

October 4,1960 

Can handle 69,000 words 
per min. 

Control system failed, after 
18 days 

578 miles 

758 miles 

Four transmitters 

Four receivers 

Five tape recorders 

Two telemetry transmitters 
plus command and control 
system 19,200 solar cells 

Spherical, 51 in. diameter, 
5001b. 

OSCAR 

Orbital satellite carrying ante- 
; teur radio built by ameteurs 

March 9,1965 (Oscar 3) 

1. 30 days’ ’ife 

2. 30 days’life 

3. 17 days’life 

200 miles 

Circular 

: 

1,2. Transmitter only 114 mega¬ 
cycles per sec. 100 milliwatt 
output ‘Hi’ dry cells 

3. Receiver 144.1 megacycles 
per sec. Retransmit 145.9 
megacycles per sec. Beacon 
145.85 megacycles per sec. 

101b. (Oscar 1 and 2) 

351b. (oscar 3) 12 in. x 18 
in. x 8 in. 

TELSTAR 

Real time repeater to obtain 
scientific data on space en¬ 
vironment by telemetry 
equipment 

1. July 10,1962 

2. May 7,1963 

1. Fault in operation repaired 
by ground command 

1. 3,514 miles 592 miles 

2. 6,713 miles, 604 miles 

Period 

1. 157.8 min. 

2. 225.4 min. 

Spin stabilized 

600 FM voice channel or 1 
TV, or, 12 two-way tele¬ 
phony channel 

Spin stabiized 

3,600 solar cells (15 watt) 

19 nickel • cadmium cells 
Transmit 4,170 megacycles 
per sec. (2.25 watt) Re¬ 
ceiver 6,390 megacycles per j 
sec. Telemetry Tx 136 mega 
cycles per sec. Rx 120 mega 
cycles per sec. Beacon Tra¬ 
nsmitter for Tracking: 
4,080 megacycles per sec. 

34.5 in. diameter 

170 lb. (1) 

175 lb. (2) 

RELAY 

Medium altitude repeater sci¬ 
entific measurements 

# ’ 

1, December 18,1962 

2. January 21,1964 

Still working 

1, 4,630 and 822 miles, 185 min. 

2, 4,606 miles, 1,298 miles 

195 min, 

All equipment duplicated 
Receiver; 1,725 megacycles 
cyles per sec. Transmit : 
4,170 megacycles per sec. 
Beacon: Tx 126 mega¬ 
cycles pcr*sec. Rx 184 mega¬ 
cycles per sec. 

8^216 solar cells (60 watts) 
TV or 300 voice telephony 

1751b. 

8-sided cylinder trun¬ 
cated at one end 

32 in. tall 

29,5 in, diameter 

SYNCOM • 

Active real time repeater, To 
study synchronous orbit 
operation ; (now in military 
use) 

July 26,1963 

22,289 mites, 22,280 miles, 

23 hr. and 55,9 min. Truly 
stationary orbit 

Spin stabilized 

Receiver 7,362 megacycles 
per sec. Transmitter 1,815 
megacycles per sec. 3,750 
solar cdb /25 wah^ 9 w 

781b, 


i ■ 
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Fig* 10 

Proposed worldwide network of satellite 'ground terminals 
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Appendix 2 

Calender of major communication satellites 

ECHO : Large self inflating spheres for passive communications : 

Echo 1 : Launched in 1960 

Echo 2 : Launched in 1964 (still working) 

RELAY : Two active Comsats in medium altitude elliptic orbits : 

Relay 1 : Launched in December 1962 
Relay 2 : Launched in January 1964 

SYNCOM : Three active in synchronous orbit : 

Syncom II : Launched in July 1963, still used by the U.S. Defence De¬ 
partment 

Syncom III: Launched in August 1964, still used by the U.S. Defence- 
department 

INTELSAT I, (Early Bird)—First commercial Comsat (851 lb.) Asynchronous 
orbit, April 1965, Link Europe and North Amercia, 240 two-way voice 
channels 50 megacycles per sec. bandwidth. 

INTELSAT 2, (Lani Bird) : Interim global commercial Comsat launched 
in December 1966. Failed to achieve synchronous orbit. Another to 
be launched in 1967. 

INTELSAT 3, (Advanced Global Comsat): Commercial global communi¬ 
cation satellite, in synchronous orbit, launch due inJ1968, 1,200 to 1,500 
voice two way voice channels to cover Atlantic, Pacific and Indian oceans. 

AERONAUTICAL COMSAT : Spin stabilized, similar to Intelsat 3 or 
ATS-B with aircraft to satellite VHF Link and ground to satellite micro- 
wave link, in synchronous orbit to provide air traffic and operational con¬ 
trol communications over North Atlantic and Pacific traffic lanes for 
commercial aircraft. To be operational in 1969. 

INTERIM DOMESTIC COMSAT: Two to four Intelsat—3—type satel¬ 
lites in synchronous orbit to provide TV, voice and teletype relay for con¬ 
tinental U.S.; 12 TV or 6,000 to 9,300 voice channels (4 and 6 gigacycles 
per sec. bands) per satellite. To be operational in 1969. 

ADVANCED PASSIVE COMSAT: To develop system parameters and 
technology to exploit multiple access, wide bandwidth and long life times 
of passive communications reflectors. Inflatable double lens configura¬ 
tion with gravity gradient, solar emissivity and low thruster stabiHaation. 
Synchronous and 2,000 nautical mile configurations in study. Will he 
launched in 1970s. Synchronous Comsat weighs 40,000 IK, ami 2,000 
nautical miles, Comsat weigh 120,000 lb. 
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ADVANCED DOMESTIC COMSAT: Domestic communications via four 
second generation comsats (in 3,000 lb. range) in synchronous orbit. Mi¬ 
crowave and millimeter band carrier with PCM and FM modulation with 
24 TV and 60,000 voice channel per satellite. To be lauched in 1972, 
by Titan 3c. 

APPLICATIONS TECHNOLOGY SATELLITES: Multi-mission ‘En¬ 
gineers’ Satellites for research and development in communications, 
navigation, meteorology and spacecraft technology in synchronous and 
medium altitude orbits. Weight 1,600 lb. Spin stabilized ATS-B 
launched in December 1966, ATS-C to follow in late 1967; Gravity gradient 
stabilized ATS-A to be launched in mid-1967; ATS-D&E in 1968. ATS- 
E will explore the mm. bands (16 gigacycles per sec. and 36 gigacycles 
per sec.) 
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DELTA MODULATION* 
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Summary 

Delta modulation is a novel coded modulation system. It is a differen¬ 
tial pulse code modulation or unidigit code PCM and is as efficient as PCM, 
requires wider band-width but has a much simpler circuitry . In delta 
modulation, in contrast to PCM where n-digit binary code is used to trans¬ 
mit information, a code comprising of only one digit is used'. The trans¬ 
mitted pulses carry the message information corresponding to the derivative 
of the amplitude of the message function and at the receiving end these 
pulses are integrated to obtain the original waveform. One of the signi¬ 
ficant difference between PCM and delta modulation is the relative simplicity 
and the low cost of the coding equipment in the latter. This paper covers 
the basic principles of delta modulation, its inherent quantizing noise, 
signal-to-noise performance and basic circuitry involved. Several varia¬ 
tions like j delta sigma modulation 9 and ‘high information delta modulation 3 
which overcome the deficiencies of the delta modulation will be introduced. 

1. Introduction 

The advantages of the digital communication tehniques, namely, mini¬ 
mization of the influences of the interferences in the transmission path, relaying 
capability, uniformity and reliability of the output irrespective of the trans¬ 
mission distances involved and ease of adaptability to solid-state circuits have 
been very well known. In pulse modulation systems, the unmodulated carrier 
is usually a series of regularly recurrent pulses: information is conveyed by some 
parameter of the transmitted pulses such as amplitude, duration, time of occur¬ 
rence or shape of the pulses. Pulse code modulation is considered to be the 
most efficient among the existing communication systems. A more recent 
pulse modulation system which has much simpler circuitry but is almost as 
efficient as PCM is the ‘delta modulation’. 

Delta modulation was invented in the ITT French Laboratories by E.M. 
Deloraire, S. Van Mierlo and B. Deijavitch. Considerable amount of work 
has been done on the delta and allied modulation systems by F. dc Jager at 
Philips Laboratories, A. Lender at ITT french Laboratories, Inose and Yasuda 
at the Tokyo University and Zetterebergat at Ericsson Laboratories. In India 
considerable contribution in this Arid is done by Dr, J. Das, Dr. M.N. Frauqui 
and others of the Indian Institute of Technology, Kharagpur. 

♦Presented at the Symposium on ‘Modem Electronic Communication Technique?/ 
held in Hyderabad on August 26, 1967* 
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In delta modulation, a code comprising of only one digit is used and the 
information signal is converted into a sequence of binary pulses in such a manner 
that a reconstruction of it is obtained by applying these pulses to a linear net¬ 
work* The modulator output pulses carry the information corresponding to 
the derivative of the amplitude of the modulating signal. 

Delta modulation is the simplest and cheapest known digital modulation 
system. It is not quite as efficient as its rival PGM in getting the maximum 
quality out of a given pulse rate. It does not lend itself to multiplexing, econo¬ 
mically. The disadvantages of delta modulation that it can be used only for 
such signals as speech which do not contain a D.C. component and have less 
energy in high frequencies, and that its dynamic range and signal to noise ratio 
are inversely proportional to the signal frequency are overcome in the modified 
delta modulation systems like delta sigma modulation system and the high 
information delta modulation system. 

As far as is known, delta modulation has not yet been used commercially. 
Motorola, Inc., of the U.S.A. has been trying to use delta modulation as the 
modulation technique in its random access discrete address system but that 
equipment has not been accepted by the Defence Department yet. 

2. Theory of delta modulation 

The basic circuit for delta modulation is shown in Fig. 1. It consists of a 
pulse generator, a modulator, an integrating network and a comparator and is 
essentially a quantized feedback system. The modulator sends out either 
t ~:tive or negative pulses at the clock rate depending on whether the output 
of the comparator is positive or negative. One input to the comparator is the 
message signal. The second input is derived by synthesizing the modulator 
output pulse train by passing it through the integrating network in the feed 
back path. The comparator output, which is the difference between these 
two inputs decides what the polarity of the output pulses should be in order to 
correct for the difference between the two voltages. The feed back system 
tends to reduce the difference, so that the synthesized signal follows the message 
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signal* Sampling of the difference signal is done at a constant rate by the 
pulses from the pulse generator. 

In practice the negative pulses of the output signal are omitted without 
affecting the signal to noise ratio. 

The decoder consists of an integrating network followed by a low pass 
filter and an amplifier. The output of the integrator is the original message 
signal plus noise components due to sampling. These are eliminated by the 
low-pass filter. The difference between the original and the reconstructed 
signal gives rise to quantizing noise which can be decreased by increasing the 
pulse frequency. In contrast to the quantization principle of PCM, the infor¬ 
mation is quantized in a one-unit code and the ‘sampling frequency* is made 
equal to the pulse frequency. This results in very rough quantizing, which 
is compensated by the fact that the signal samples are taken as often as indicated 
by the pulse interval and thus n times as often as for PCM at the same pulse 
frequency, where n equals the number of pulses in the PCM code group. 

The simplest system of delta modulation is obtained by using an integra¬ 
ting network in the feedback path. This network has a large time constant and 
its response to an impulse is practically an unit step function. Tfte waveforms 
using single integration are shown in the Fig. 2. This simple integrator results 
in coarse quantization and large quantizing noise. At a pulse frequency of 
40 kilocycles per sec. the intelligibility of speech will be good but the quanti¬ 
zing noise will have an effect on speech which is called by de Jagar ‘sandiness*. 



Fig. 2 

Delta modulation waveforms using single Integrator % 

The large quantization noise resulting from the usage of single integrator 
can be reduced by the usage of the double-integrator circuit shown in Fig. 3. 
The time constants, R x C x and R % C % , are large so that the response to a pulse 
is a step at C x and a voltage of constant slope at C 8 . The effect of this circuit 
is to change the slope of the output with every pulse input. As is seen in the 
figure die resulting waveform is much smoother than for the case of single inte¬ 
gration where every received pulse has the effect of increasing or decreasing the 
level of the received signal by a unit step. When the output of the double 
integrator is smoothed by passing through a low pass filter, it will approximate 
the original message function much closer than single integrator* Another 
modification is done to the feedback network utilizing the principle of prediction. 
This overcomes the disadvantage of delay in reognizing the changes In the 
message shape encountered in other types of feedback networks* The modi¬ 
fication consists of a prediction time constant T $ made arbitrarily to 
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the pulse interval. With this prediction the response of the circuit is a step 
followed by a volfage of constant slope. By means of this >tep, the output of 
the network knows in advance what the voltage at the capacitor is rising to. 
This is equivalent extrapolation. The advantage can be seen in Fig. 3, the 
two approximating curves e t (t) for the same signal, e 0 (t). 



Use of a double integrator circuit 


3. Problem of overloading 


The problem of ‘overloading’ is different in delta modulation system com¬ 
pared to others. In delta modulation system, the information contained in 
the transmitted pulses is mainly correlated to changes of input signal and not 
to its amplitude. However, since the synthesized wave can change only one 
level per clock pulse, delta modulation has no fixed maximum amplitude but 
overloads when the slope of the signal is too large. The largest slope the system 
can reproduce is one changing by one level or step every pulse interval, so that 
the maximum signal power depends on the type of signal. If the magnitude of 


one quantum step is cr volts and the time between sampling instants is T, = 


£ 


sec., then the maximum rate of change of amplitude it can register is ■£-or of, 
volts per sec. 

' Foe » sine wave of angular frequency, w = 2 irf the m a x i mum slope is 
Ami) tillage d is the peak amplitude. Therefore, for a sine wave of frequency 
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/, applied to the integrator, the maximum amplitude wich can be transmitted 
is 

A - f* Q 
- 2 7 rf 

Thus, both the maximum amplitude and the number of distinguishable 
levels decrease with increase of frequency to be transmitted. This limitation 
is minimized in the case of speech where the higher frequencies contain less 
energy than the lower ones so that in this respect an integrating network is well 
adopted to the transmission of speech. 

It has been observed experimentally that the delta modulation system 
can transmit a speech signal without overloading, if the amplitude of the signal 
does not exceed the maximum sine wave amplitude that can be transmitted 
at a frequency of 800 cycles per sec. 

1 Signal-noise ratio in delta modulation 

System of single integration 

Lender has shown that the quantizing noise power is approximately given 
by 

(x)°‘ 


The maximum amplitude which can be transmitted without overload 
with single integration is given by 


A = 


fiZ 

2nf 


Therefore, the average signal power is given by 




£ a 

2 


/,•«* 

1 a * 


Therefore, the signal-noise ratio for single integrator'system is given by 


S_ 


1 r* 


& ~ « 


f? 


Quantizing noise in the system of double integration Lender has obtained the 
signal-noise ratio as 



The improvement in signal-noise ratio varies with // for system with single 
integration, whereas it varies with// for system with double integrators. 

S. Bandwidth consideration ' 

F. de Jager has experimentally established that with a. pulse frequency of 
100 kilocycles per sec. very good reproduction of speech is possible. Ip #i| 
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a bandwidth of 50 kilocycles per sec. is required. For PCM of a code of n 
digits, 

= 20 log 10 2" dB 
c 

For of 50 dB, n = 8. 

Taking a sampling frequency of 8 kilocycles per sec. the clock frequency 
is 64 kilocycles and so the bandwidth required is 32 kilocycles per sec., about 
50% of what is required for delta modulation. 

Fig. 4 shows the relationship between signal-noise ratio, sampling rate 
and the frequency. With speech confined to frequency of 4 kilocycles per sec. 
the signal-noise ratio of PCM and delta modulation are 44 dB and 29 dB for 
a pulse frequency of 56 kilocycles per sec. and 74 dB and 33 dB for pulse fre¬ 
quency of 96 kilocycles per sec. 


6* Delta sigma modulation 


Delta modulation is incapable of transmitting D.C. signals, its dynamic 
range and signal-noise ratio are inversely proportional to the signal frequency and 
the integration at the decoder results in accumulative error in the demodulate 
signal when the system is subjected to transmission disturbance such as noise. 
The delta sigma modulation system overcomes these defects and meets the 
requirements for digital transmission of video signals and the like which are 
characterized by more uniform spectra with D.C. components through adverse 
transmitting conditions. Delta sigma modulation system is due to Inose, 
Yasuda and others of the Tokyo University. The delta sigma modulator 
is shown in Fig. 5. The output pulse p , is fed back to the input and subtracted 
from the modulating signals. The difference signal A = s — p } is integrated 

and the integrated difference signal, e(t) = ^ A (t) dt , is compared in amplitude 

with a predetermined reference. If the integrated difference signal is larger 
than the reference signal a pulse is sent out. The negative feedback always 
keeps the integrated difference signal near the reference. Thus output pulses 
carry data corresponding to the input amplitude. 


Decoding consists of only reshaping the pulses and passing them through 
a low pass filter. No integration is involved so that no cumulative error resul¬ 
ting from transmission disturbances occurs. 


The signal-noise ratio with single integration is given by 

S 

fn? 


N K 


The 


S 

N 


ratio for delta modulation is proportional to 


Is* 


The same re¬ 


lationship to the pulse repetition frequency exists in both the cases but the 
signal frequency has no relation to the signal to quantizing noise ratio in the 
delta sigma modulator. 
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With double integration, the signal to noise ratio is proportional to /,*. 
For k integrators the signal-noise ratio is proportional to /,* * + 1 



Signal to noise ratio for delta modulation and PGM 
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7. High information delta modulation (HIDM) 

The HIDM which is another variation of delta modulatibn provides 
greater dynamic range than ordinary delta modulation and can be used for 
voice communication with excellent results upto 20 kilocycles per sec. This 
modification is due to Winkler. 7 



Fig. 5 

Block diagram of the delta-sigma system 

In the ordinary delta modulation, the amplitude level after the inte¬ 
grator can rise only linearly. To reach an amplitude level of 40 units, say, it 
will take 40 pulse periods. 

» 

In HIDM, the counting of the amplitude levels is performed in binary 
steps, resulting in an exponential variation of 2" of amplitude levels due to a 
sequence of pulses of one polarity. So in less than a period of 7 pulses the 
magnitude of 39£ is exceeded. The circuit of the HIDM is similar to that of 
a delta modulator except for the demodulator. The block diagram of the 
HIDM demodulator is shown in Fig. 6. The flip-flop takes a state depending 
on the polarity of the pulses. The exponential generators are used alternately, 
one generating positive waveform and the other negative waveform. The 
impulse device delivers the proper initial impulse to the exponential genera¬ 
tors. The output of the exponential generators consists of a series of exponen¬ 
tial ramp signals which are summed in an integrator to provide the desired 



Fig. 6 
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demodulator output. It has been shown by Winkler that the dyna nic range 
of HIDM with slope limiting of 11.1 levels per pulse period is much greater 
than the dynamic range of ordinary delta modulation and equivalent to 7 bit 
PCM with linear quantizing. The HIDM respouse to step function .a shown 
in (Fig. 7). 



0 5 10 15 20 

JPuls«t 

Fig. 7 

HIDM response to step function 

8. Conclusion 

With a number of modifications for the basic delta modulation system 
coming up to make it sophisticated enough to compete with its rival PCM it 
is sure delta modulation will very soon occupy a better place than the modest 
place it occupies presently in the world of communications. 
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PROCEEDINGS 

The Symposium on ‘Modern Electronic Communication Technique* 
started with a welcome address by Shri O. Thimmaiah (M.), Chairman of 
the Andhra Pradesh Centre of the Institution. The Symposium was inaugura¬ 
ted by Major General S.P. Vohra, M.I.E., President of the Institution of 
Engineers (India). 

Prof. S.P. Chakravarti (M.), Chairman of the Electronics Division of the 
Institution, took the chair for the first session and six papers were read in that 
session by various speakers. 

Opening the Session, Prof. S.P. Chakravarti thanked the President, Major 
General S.P. Vohra, and Shri O. Thimmaiah for organizing such a Symposium 
on the ‘Modern Electronic Communication Techniques* which is a very good 
subject and covers the developments in communication from 1954 onwards 
till date. He was very much pleased to note that there has been a very good 
response from the various institutions in India and very good papers have been 
received. Seventeen papers have been received but due to paucity of time 
only a few selected papers in the two sessions could be presented on separate 
subjects. 

• Prof. Chakravarti said, ‘Before I call the authors to present their papers 
I would like to specially thank Brig. C.L. Seshagiri and Lt. Col. S.B* 
Lai for the very good work done by them in getting the pre-prints of papers 
ready in such a record time. I want to express my personal thanks to Lt.-Col. 
B. Bhasin who is an Associate Member of the Institution and also a member of 
the Local Committee of this Centre, in organizing this Symposium. He has 
been a live-wire and due to his personal efforts the symposium has come up 
with such a good response of papers from various leading institutions in India. 
I would also like to thank the Local Centre for the very good arrangements 
xade for the Symposium.’ 

Prof. Chakravarti then delivered a brief resume of the modern techniques 
in the field of electronic communication after which he requested the authors 
to come and present their papers. 

The following papes were presented in Session 1: 

1. Shiidigit PCM System’ by Dr. M.N. Faruqui, Assistant Professor, 

Department of Engineering, Indian Institute of Technology, Kha- 
i tgpur. 

2. ‘Su. ?ey of Developments in Digital Communication Systems’ by Shri 

C.R. Chakravarti, Senior Scientific Officer, Defence Electronics Re- 
s.arch Laboratory, Hyderbad. 

3. ‘Dir itai Filters* by Prof. A. Prabhakar, College of Engineering, Os- 

i ania University, Hyderabad. 

4. ‘S' ift Register Sequences’ by Shri C. Satyanarayana, Lecturer in 

Department of Electronics, College of Engineering, Osmania Uni* 

versity, Hyderabad. 
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5. ‘Satellite Communications’ by Maj. R.K. Joshi, Instructor in Radar 

Engineering Wing, EME School (South), Secunderabad. 

6. ‘Decoding of Pseudo-Random Coded Sequences’ by Shri A. K. 

Mukherjee, Assistant Professor, Department of Engineering, Indian 

Institute of Technology, Kharagpur. 

Session 2 was presided over by Prof. V.V.L. Rao, Principal (Retd.), Regi¬ 
onal Engineering College, Warangal. Prof. V.V.L. Rao was very kind enough 
to agree to take the Chair as Brig. M.K. Rao who was to preside over the session 
was held up and was unable to come in time. Prof. V.V.L. Rao declared the 
session open and requested the speakers to come and present their papers. 

The following papers were presented in Session 2 : 

1. ‘Microwave Communication along Railway Routes’ by Shri S.A. 

Srinivasan, Chief Signal and Telecommunications Engineer, South 

Central Railway, Secunderabad. 

2. ‘Speech Compression and Expansion’ by Shri S.V.R. Naidu, EME 

School (South), Secunderabad. 

3. ‘Bandwidth Compression of Speech* by Shri G. Kanttai^h, Senior 

Scientific Officer, Defence Electronics Research Laboratory, Hydera¬ 
bad. 

Prof. V.V.L. Rao, in the end, summed up the lectures and thanked the 
various authors who presented the papers during the afternoon session. 

Each author was allowed 20 minutes time to present his paper and 10 
minutes were given for discussions. There had been very lively discussions 
after the pressentation of each paper and various important issues emerged 
from the discussions for the benefit of the participants. 

Brig. C.L. Seshagiri, Commandant, EME School, at the conclusion of 
Session 2 thanked all the authors and participants for making the symposium 
a grand success and especially expressed his thanks to Prof. V.V.L. Rao who 
very kindly had agreed to preside over Session 2. The Symposium concluded 
with a vote of thanksto all. 

All the papers received for the Symposium were printed in a booklet form 
and distributed to all members and participants attended during the 450th 
Council Meeting of the Institution of Engineers (India) held at Hyderabad 
from August 24-28, 1967. 

The following were the members of the Organising Committee for the 
Symposium : 

Brig. C.L. Seshagiri, M.I.E., Commandant, EME School, Secunderabad 
and C h ai r man of the Organising Committee. 

Lt. Col B. Bhasin, C. Eng,, A.M.I.E., A.M.I.T.E., A.M.M.E.A., Assis- 
tant Director, DLRL, Hyderabad 5, and Member of .the Orga¬ 
nising Committee. ' 

Lt. Col. S.B. Lai, Non-member, EME School (South), Secunderabad, 

; and Member of the Organising Committee. - 1 ^ 
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5. Proceedings of the Symposium on ‘Economy and Efficiency of En¬ 
gineering Enterprises in India.’ The Institution of Engineers (India). 
242 pages. Rs. 15.00. 

In an age dedicated to productivity, the need for economy and 
efficiency in Indian enterprises is well understood. Nevertheless, 
obstacles abound on the way. In this Proceedings ‘The problem 
has been stated, the maladies described; and the solution suggested 
—unanimously by the engineers in the country’. 

6. Proceedings of the Syposium on ‘Prestressed Concrete’. The 

Institution of Engineers (India). 265 pages. Rs. 15.00. 

In this Proceedings, the papers presented in the Symposium held 
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Institution and the Concrete Association of India, have been 
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The Institution of Engineers (India). 163 pages. Rs. 10.00. 
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creative tomorrow’, is a memorial volume published on the occasion 
of unveiling of the statue of Sir Mokshagundam Visvesvaraya at 
Hyderabad. 

* These publications can be obtained from the Institution on pay¬ 
ment of the charges in advance by cheque drawn in favour of The 
Secretary, The Institution of Engineers (India)’. Postage will be 
charged extra. 
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